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In this Issue 

Most laboratory oscilloscopes today are sampling digitizing oscilloscopes. 
Analog scopes simply can't match their precision and their storage and mea- 
surement capabilities. When you begin to look at digitizing oscilloscopes, the 
first thing you notice is that there are a lot of different kinds. For example, you 
can find bandwidth specifications from 100 megahertz all the way to 50 gigahertz 
and beyond. Going a little farther, you find that there are two kinds of bandwidth: 
one for capturing single-shot phenomena and one for capturing repetitive sig- 
nals. Ignoring the input amplifier and sampler bandwidths for the moment, the 
most important bandwidth-determining parameter for single-shot events is the 
sampling rate — the faster the better. For repetitive signals, it's the equivalent 
sampling rate, which depends more on the scope's timing precision than on the actual real-time sam- 
pling rate. HP designers like to use a rule Df thumb that says that the potential bandwidth of the oscillo- 
scope is one fourth of the sampling rate, either real-time or equivalent, as the case may be. The reason 
there are so many bandwidths to choose from is that different oscilloscopes are optimized for the needs 
of different applications. (The scope that does everything would be so expensive that no one would buy 
it) The HP 54720A/D digitizing oscilloscope, introduced in the article on page 6, is designed to be the 
fastest for capturing single-shot or infrequent events such as glitches, transients, bit errors, ground 
bounce, and timing errors in computers and communications systems, high-energy physics phenomena, 
electrostatic discharge, and laser pulses. Depending on how the user configures it (there are four 
plug-in slots), it can have a single input channel with a sampling rate of 8 gigahertz, or two, four, or eight 
channels with sampling rates of four, two, or two gigahertz, respectively A smaller sibling, the HP 
54710A/D, has two plug-in slots and a maximum sampling rate of 4 GHz. For repetitive signals, a precision 
time base and a new trigger interpolator give the HP 54720/10 an equivalent sampling rate of 1000 GHz! 
However, the plug-in and sampler bandwidths limit the maximum overall bandwidth to 2 GHz. The plug- 
ins and the data acquisition system, which features fourtime-interleaved analog-to-digital converter 
acquisition hybrid circuits and a new sample-and-filter technique, are described in the article on page 
11. Accuracy issues in this interleaved system are discussed on page 38. The article on page 24 gives 
details of the time base and trigger system. Other aspects of the design of this oscilloscope family pre- 
sented in this issue are the architectural design (page 51), the mechanical design (page 66), firmware 
development processes (page 59), a rugged 2.5-GHz active probe (page 31), and a probe fixture for test- 
ing the acquisition hybrid (page 73). The article on page 47 reports on a study of the pulse parameter 
measurement accuracy of the HP 54720A only recently made possible by the availability of a well- 
characterized 50-GHz oscilloscope as a standard, 

A network analyzer measures the characteristics of components or networks as functions of frequency. 
A spectrum analyzer measures the power in a signal as a function of frequency. Because the two are 
frequently used together and share some functions, a combined network and spectrum analyzer makes 
sense. The HP 4396A network and spectrum analyzer (page 76) is designed to offer the capabilities of 
both instruments without compromising the performance of either, at a lower cost than two separate 
instruments. The HP4396A accepts input signals up to 1.8 gigahertz. It has two measurement display 
channels and can display two spectrum measurements or one network and one spectrum measurement 
Dr two network measurements at once. It has the network analyzer's usual A, B, and reference input 
ports, and right beside them a spectrum analyzer input port. But behind the front panel, all of these inputs 
go to the same measurement receiver, thereby reducing the cost considerably. To make this possible, a 
fast-switching, high-isolation multiplexer connects the input ports to the receiver one at a time. The re- 
ceiver design is described in the article on page 85 and the multiplexer design on page 95. A nice feature 
is the spectrum monitor mode of the network analyzer ports, which allows the user to get a rough idea of 
the spectrum of a signal without disconnecting it and reconnecting it to the spectrum analyzer port. 
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An essential component of any computer-based data acquisftion or measurement system is the anatog- 
to-dtgital converter, or ADC, which converts analog voltages representing real-world phenomena to 
digital data that can be manipulated by a computer. The basic trade-off in the design of an ADC is con- 
version rate — the number of samples per second that can be converted — versus the precision with 
which each sample is converted: a higher conversion rate costs something in precision. The HP E1430A 
(page 100) is an ADC module designed for instrumentation systems based on the modular VXIbus stan- 
dard. It includes a ten-megasampie-per-second ADC and circuitry for amplitude range switching, filter- 
ing, frequency band selection, triggering, data buffering (memory), and multichannel synchronization. 
While its conversion rate is considerably slower than the two-gigasample-per-second ADC hybrids with 
which it shares this issue, its precision is much greater. Its precision, in terms of noise, distortion, and 
nonlmearities lor the relative lack of these defects], is quantified in the article on page 1 05- 

R.P Do Ian 
Editor 



Cover 

This is the acquisition hybrid microcircuitofthe HP54720D and HP54710D oscilloscopes. There are four 
of these four-channel hybrids in each instrument This circuit differs slightly from the acquisition hybrid 
shown in Fig. 5 on page 14, which is from the HP 54720A and HP 547T0A oscilloscopes. Both hybrids have 
the same function and the same 2-GHz sample rate, but the D version has bigger sample memory chips 
and a different filter layout. 



What's Ahead 



The December issue will feature the HP 89410A and 89440A vector signal analyzers, which are designed 
to measure the magnitude and phase of time-varying and complex modulated signals. In addition to con- 
ventional spectrum analysis, they offer a full set of measurements based on digital signal processing. 
Also in this issue will be the design story of the HP 71450A and 71451 A optical spectrum analyzers, an 
article on North American cellular CDMA (code division multiple access!, which is a system for packing 
more cellular phone users into the available frequency spectrum, an article on HP spectrum analyzer 
measurement capabilities lor testing to the Digital European Cordless Telecommunications (DECTJ 
standard, and an article on a standard data format used hy many HP instruments for data interchange. 
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An 8-Gigasample-per-Second Modular 
Digitizing Oscilloscope System 

For the first time, a digitizing sampling oscilloscope achieves single-shot 
bandwidths exceeding even the fastest laboratory analog oscilloscopes. 
The HP 54720/1 oscilloscope combines a 2-GSa/s digitizer, plug-in 
modularity, and software flexibility to provide the application-specific 
and general-purpose capabilities needed by designers of high-speed 
digital devices and systems. 

by John A. Scharrer 



The need to observe low-duty-cycle or single-shot electrical 
waveforms has been with us for a long time. This need has 
been greatly intensified with the advent of high-speed digital 
computer and digital eommunieal ion circuits and systems. 
These high-speed systems are prone to glitches, ground 
bounce, and timing problems. These problems are usually 
the result of complex algorithmic processes which by their 
very nature result in rarely occurring problems that are hard 
to find and observe, but critical. 

Schemes to observe fast, single-shot signals have been analog 
in nature and generally involve storing electron heam traces 
on a phosphor target in a conventional cathode ray tube. If 
the phosphor has a fast writing rare and long enough persis- 
tence, the image can be photographed with high-speed film. 
Storage-tube CRT technology allows direct visual observation 
of the waveforms without a camera. There have been many 
variations on this theme, but improvements in performance 



have been very limited in recent years and significant disad- 
vantages i o this approach are difficult if not impossible to 
overcome. Among these are trace blooming, dim traces. CRT 
wearout, displays burned permanently into the phosphor, 
and small displays. 

Until recently this approach was the only hope of achieving 
high-bandwidth single-shot capability. Now, with the intro- 
duction or the HP 54720 and 54710 digitizing oscilloscope 
mainframes, performance exceeding that of analog storage 
oscilloscopes is available. The HP 54720 (Fig, 1 ) and 54710 
use a new high-speed digitizer methodology coupled with 
major improvements in computing, display technology, and 
product design lo achieve this performance. 

The HP 51720/10 system is modular. The HP 54720 mainframe 
provides four digitizing input slots, which accept plug-ins 
that offer bandwidths from 600 MHz, to 2 GHz, sensitivities 




Fig. LThe HP ".4 720 A is a rour- 
channel, modular digitizing oscil- 
loscope capable of sample rates 
up to S GSa/s it ss shown here 
with the HP S4701A active probe. 
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from 2 niV/div, and input impedances of 50 ohms and i meg- 
ohm, depending on the plug-ins selected. Each plug-in slot is 
matched with a 2-GSa/s (gigasample per second) analog-to- 
digital converter system, and by choosing a 2-skrf-wide or a 
4-slot-wjde plug-in. sample rates of 4 GSa/s and 8 GSa/s are 
achieved. The HP 54710 mainframe provides two input slots. 
'Hie HP 547201 ' and 54710D mainframes have memory deptlis 
of 04K samples per slot, and with 2 -slot-wide or 4-slot-wide 
plug-ins. memory depth extends to 128K and 256K samples, 
respectively. The HP 54720A and 54 7 1 A versions of the 
mainframes have one quarter of the mainframe menu 8 
the D versions. 

Consistent with this performance, an active probe, the HP 
54701A, provides 0.5-pF input capacitance and 10(J-kilohm 
input impedance while maintaining the bandwidth of the 
entire system including the probe as high as 1.3 GHz de- 
pending on the plug-in selected The probe itself has a band- 
width of greater than 2.5 GHz and can be powered ei titer 
from a plug-in or from an external supply. In the past users 
have been reluctant to use active probes because of their 
mechanical fragility and the special precautions required to 
avoid overvoltage at the input. The HP 54701A does not re- 
quire such precautions because it is protected from damage 
resulting from sialic discharge and overvoltage. In addition. 
it is mechanically rugged, has replaceable tips, and is highly 
resistant to physical damage. 

Important as it is that digital storage oscilloscopes over- 
come the problems of analog storage, there are far more 
compelling reasons t.o move to digital storage lechnoli igi . 
Among Lhese arc: 

The ability to store and retrieve waveforms for fun her 
analysis or for visual observation either in the oscilloscope 
or other environments such as a workstation 
The al.iilit.y lo observe pret rigger events 
Ease of use. 

In addition, the HP 54720/10 project focused on providing 
accuracy and precision in high-bandwidth time-domain mea- 
surements and the flexibility to configure the product in 
software and hardware so that specific customer application 
needs can he supported. 

Storage and Pretrigger 

The HP 54720/10 acquires waveform dala in digital form 
and stores it in memory. The waveform can be observed, 
scrolled, and zoomed. Cursors can be used for automatic 
readout and automatic measurements can be performed on 
the stored data. Waveform dala can be routed to interna) 
waveform memory, to an internal flexible disk drive, or to an 
external computer or peripheral, Digital bus interfaces pro- 
vided fortius purpose include the HP-IB (IEEE 488, IKC fi2i>), 
I en i r, mix. and a parallel expansion port for very high-speed 
data transfer. 

The HP4B porl achieves data transfer rates greater than 500 
kilobytes per second. Waveforms can also be transferred l>y 

flexible disk and are formatted fnt use by other widely used 
programs including spreadsheets and graphics programs. 

The analog-lo-digilnl and memory systems mn continuously. 
When a I rigger occurs, all dala in memory is stored. There- 
fore, daia occurring before the trigger (.negative time) is 




Fig. 2. The BP54720/1O feitaftillj reprodu wide suifile- 

shoi even) 

captured. This greatly facilitates troubleshooting and char- 
acterizing a system because trigger points before the point 
of interest are not necessary. 

Of greater significance is the single-shot capability, which 
allows prefault observation of waveform dala even if the 
event occurs only once. In the single-shot mode (also called 
the real-time mode), resolution and faithful waveform repre- 
sentation are determined by the anaiog-to-digital sample rate. 

A i ■( ■( irding to tbe Nyquist criterion, if the sample rate is 
twice the highest-frequency component < if i lie signal sam- 
pled, dten the signal can be faithfully reproduced. In reality, 
the bandwidth of an oscilloscope is down only 3 dB at the 
specified bandwidth and frequency components beyond the 
bandwidth will be sampled, causing aliasing and incorrect 
waveform display. To avoid ibis situation, Hewlett-Packard 
uses a role of 4 times the specified bandwidth for the sample 
rate required. The HP 54720/10 achieves sample rates of 2, 4, 
ami 8 GSa/S depending on Ihe plug-ins selected, allowing 
faithful waveform reproduction ,il 500 MHz, 1 GHz. and 2 
Gil/, bandwidth.s, respectively (Fig. 2) The maximum avail- 
able sample rate is traded off against the number of chan- 
nels availal >lc: 2 ( iSa/s allows 4 channels. 4 GSa/s allows 2 
channels, and 8 1 rSa/s allows l channel. 

If the signal viewetl is repetitive, the equivalent time mode 
allows the effective sample period to be as small as one 
picosecond. This is achieved by accurately relating the time 
from (he trigger event to the samples in the capture memory 7 . 
After each trigger and acquisition, samples are positioned in 
the waveform record (and onscreen ) to build up a high- 
resolul ion picture of the waveform. For repetitive wave- 
fonns, equivalent time sampling can be used and the Nyquist 
sample rate is not an issue, but Hie digitizer sample rate 
does directly effect the throughput lo die display. I'sing Ibis 
technique for repetitive signals with the appropriate plug-ins, 
Tour channels can be observed at 2-GHz bandwidth. I'sing 
the IIP 54714A dual-channel plug-in, eight channels can be 
viewed al MKl-MI lz bandwidth for repetitive signals. 
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Ease of Use and Flexibility 

Aji oscilloscope with the advanced measurement capability 
of the HP 54720/10 is often referred to as a laboratory oscil- 
loscope or a high-performance oscilloscope. The use model 
is focused on troubleshooting and characterizing high-speed 
digital systems generally in the laboratory or the preproduc- 
tion phase of product development. In production this class 
of instrument is usually used within a system in an automated 
way. Focus groups of users falling into these classes were 
used early in the project and results of this exercise indi- 
cated the need for familiar controls, high system and display 
throughput, and application flexibility. These requirements 
dictated the system architecture and user interface. 

The user interface is leveraged from t he H P §4 1 xx family of 
high-performance oscilloscopes with significant improve- 
ments derived from user interface studies conducted on the 
HP 54lxx family, the general -purpose HP 545xx family, and 
competitive products. The resulting interface uses a pop-up 
menu scheme with very limited depth of menus, an intuitive 
graphical user interface, and extensive color. Access to 
often-used measurements is from the front panel instead of 
being buried in menus or softkey levels. The setup keys such 
as time base, trigger, and vertical channels are fixed and 
always available, rcuher than using softkeys and hidden levels 
of additional keys. 

Historically, ease of use in digitizing oscilloscopes has been 
enhanced through the use of extensive automatic pulse 
parameter measurements and functions such as rise time, 
delay, and pulse widfri, to name a few. The list is ever grow- 
ing and the ability to add features is very powerfid in ex- 
tending the value of the initial investment in the product. 
The fast Fourier transform (FFT), mask testing, histograms, 
and applications such as communications and computer 
design were all added after the IIP 54720/10 was introduced. 
To accommodate this flexibility the software in the HP 
54720/10 is stored in flash EPROM and SRAM and can be 
loaded from a llcxilili j disk. Add on labels and shift kry 
allow upgrades to be made easily, yet the added features 
have the same direct access as existing features. The me- 
chanical modularity provided by plug-ins allows flexibility in 
configuring the inputs to the digitizers and makes it easy to 
customize systems for specific applications, 

Ease-of-use studies indicate that the responsiveness of the 
oscilloscope to controls and signal changes is crucial to in- 
terpreting data adjusting the device under test, and promot- 
ing confidence in the representation of viewed signals. The 
HP 54720/10's high waveform display rate helps avoid visual 
aliasing and misinterpretation of the waveforms. To achieve 
a high display rate, a three-processor architecture was chosen 
for the HP 54720/10. A CPU controls acquisition hardware 
and communications, performs automatic measurements, 
and manages waveform data, while a graphics processor 
and a custom display processor present the waveform data. 

The ability not only to see changes as they occur but also to 
observe the relative frequency and "freshness" of data was a 
contribution of the HP variable-persistence analog storage 
oscilloscopes. With this feature, old data gradually fades 
away while new, brighter (.lata is written onscreen. Until the 
IIP 54720/10 this feature eluded digitizing oscilloscopes, but 




Fig. 3. Variahle persistence provides a dynamic picture of waveform 

changes, 

the custom display processor in the HP 54720/10 accommo- 
dates litis feature while mauitaining a high display throughput 
(Fig. H). 

Accuracy 

Although its very high digitizing sample rates and bandwidths 
open the door to high precision and accuracy in voltage and 
time measurements over a broad band of frequencies, con- 
siderable care had to be exercised in the HP 54720/10 sys- 
tem design to ensure that these benefits were realized. All 
adjustments for gain, offset, tuning, and frequency response 
are computer-controlled (no manual adjustments) and the 
necessary calibration routines are automated and use eali- 
hral ton resources resident in the mainframe and plug-ins. 
Therefore the user has a self-contained accuracy calibration 
system. If plug-ins and mainframes are intermixed after each 
has been calibrated, 3% vertical gain accuracy is achieved. If 
a system best-accuracy calibration is performed, 1% vertical 
gain accuracy is achieved. 

The HP 54720/10 exhibits very low jitter on repetitive single- 
shot or equivalent time waveform displays because of a new 
trigger interpolator system. The resolution of the interpola- 
tor is 1 ps and jitter on repetitive waveforms is less than (i ps 
rms. Again, the internal calibration capability ensures 
±30-picosecond time interval accuracy in equivalent time 
mode and +50-picosecond accuracy in single-shot mode at a 
sample rate or 4 GSa/s. 

System Design 

The HP 54720/10 is a flexible system whose characteristics 
are defined by the plug-in modules and software installed 
and the software features selected. A block diagram is 
shown in Fig, 1. 

The boards in the main card cage are interconnected by the 
system interface bus, which carries address, data, control, 
and power. The plug-in modules are connected to the system 
via the module interface bus, which carries address, data, 
control, interrupts, and power. 
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Fig. 4. Simplified blocl diagram of the HP 54720/10 modular oscilloscope mainframe. 



Plug-ins. The plug-ins determine gain, bandwidth, maximum 
sample rale, and Input characteristics. Their general design 
includes ait input attenuator and overvoltage protection fol- 
lowed by a preamplifier which also supplies a signal split for 
internal trigger piekoff. In the 2 -slot-wide plug-in the signal 
is split, to drive two analog-to-digital converter inputs. Tlus 
split allows interleaving two analog-to-digital converters to 
achieve a 4 GSa/s sample rate on two channels. A passive 
four-way splitter in the IIP 54722A 4-slot-wide plug-in 
achieves 8 GSa/s on one channel. The plug-ins also provide 
probe power and offset voltage for the [IP 54701A active 
probe. The plug-ins are calibrated using (he mainframe cali- 
bration resources and software, and the calibration factors 
are stored in the plug-in. 

Acquisition System. The main and trigger signals are coupled 
to the mainframe through very high-bandwidth connectors 
and are subsequently routed to the analog-to-digital hybrid 



circuit and the trigger system via semirigid coaxial cable. 
The analog-to-digital converter hybrid uses a new technique 
called sample-and-fdter, as opposed to snmple-and-holri. The 
sample-and-filter technique is described in I he article on 
page 1 1. 

There are five monolithic integrated circuit chips on the 
analog-to-digital converter hybrid: a sampler and two analog- 
to-digital converters are custom HP bipolar chips, and two 
fast in, slow out (FISO) memories are custom 1 IP CMOS. The 
analog-to-digital subsystem including very fine-liue-geoiuctry 
filters are constructed on a custom Hewlett-Packard thick- 
film multichip module. There are two analog-to-digital hybrids 
on each of the vertical acquisition boards. 

The trigger signals from all four slots are input to a custom 
logic trigger chipset, which provides numerous combina- 
tional and sequential logic trigger capabilities The resultant 
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trigger is applied to an interpolator counter system, which 
determines the exact local ion of ihe input signal in relation 
to the trigger event. The waveform captured can consist Of 
one full acquisition memory' before the trigger or can be 
delayed up to one second after the trigger. A dual-ramp 
interpolator system resolves trigger location within 1 ps. 
The interpolation takes only six microseconds. 

A clock dist ribul ion board generates a 2-GIIz clock and a 
phase-related 100-MHz clock signal for each acquisition hy- 
brid. The phase-related 100-MHz dock is also distributed to 
the time base system. 

Computer and Display, The main system CPU is a 68020 with a 
(38882 floating-point coprocessor, but with an unusual feature. 
A state machine controls data flow on the CPI | bus such I hat 
a complete 16-bit data word representing a captured sample 
can he moved from the FfSO memory to CPU memory on 
each bus cycle hy direct memory access (DMA), Similarly, 
data can be moved by DMA to the display processor and 
external ports. Coupled with the high-speed graphics sub- 
system this gives the HP 54720/10 a high-throughput, highly 
interactive display. 

The display processor is a TMS34010 coupled to a custom 
HP display accelerator. The accelerator does the work of 
decrementing pixel brightness in variable-persistence 
mode, erasing the screen, and drawing lines. 

The CPU RAM is nonvolatile battery-backed SRAM and the 
operating code is stored in flash EPROM. Tins allows com- 
pletely changing or adding to the operating software using die 
flexible disk. The state of the entire oscilloscope, including 
all data, is preserved when the instrument is turned off. 

Digital interfaces to the HP 54720/10 include the HP-IB, a 
Centronix printer port, and a high-speed parallel port which 
provides direct access to the CPU bus. The two other internal 
buses — the module interface bus and the system interface 
bus — interface with the plug-in modules and the internal 
system boards, respectively. 

Software 

The software system was a start-from-scratch design, and 
the size of the task led the design team to consider and use 



structured design techniques. Indeed, the first half of the 
software design portion of the project was design, not cod- 
ing. The resulting design has been very low in defects, and 
adding recent features such as histograms, FFT capability, 
and application-specific programs went smoothly and took 
significantly less time than in less structured designs. 

Product Design 

The constraints of plug-in flexibility and high-bandwidth 
performance led to a new modular mechanical design that 
makes it possible to plug high-bandwidth ampli Tiers into a 
mating mainfranie with little or no signal degradation. 
Plug-in modularity from the front is complemented by card 
modularity in the rear of the mainframe. The HP 54720/10 
package is the same physical size as the previous HP 541xx 
high-performance digitizing oscilloscopes. 

Manufacturing 

Formal concurrent engineering may require elaborate disci- 
pline and tools. The simpler concept of developing manufac- 
turing test tools concurrently with the system and circuit 
design not only sufficed for this project but was indispens- 
able in achieving the project goals. There are four analog-t.o- 
digifal muluchip modules per HP 54720/10 acquisition system 
and therefore a high loaded-hybrid yield is imperative. Tire 
hybrid test system was developed in parallel with the hybrid 
and ensures close to 100% loaded hybrid yield. The test sys- 
tem was ready in time to help develop and evaluate early 
prototypes. Similarly, plug-in and board test tools were de- 
fined at project inception and developed concurrently with 
the HP 54720/10 circuits. 
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An 8-Gigasample-per-Second, 8-Bit 
Data Acquisition System for a 
Sampling Digital Oscilloscope 

Within the HP 54720/10 acquisition system are sixteen separate sampling 
and digitizing paths that can be allocated by the user to capture 1 6K 
samples at 8 GSa/s or 256K samples at 500 MSa/s or any of various other 
combinations of sample rate and memory depth. The sample-and-filter 
sampling technique is an alternative to the conventional sample-and-hold 
and track-and-hold techniques. 

by Michael T. McTtgue and Patrick J. Byrne 



The data acquisition hardware for the HP 54720 and 54710 
sampling digitizing oscilloscopes is designed to provide flex- 
ible and configurable signal capture hardware that can be 
tailored for different customers' needs. Variable-width plug-in 
amplifiers are used for signal conditioning, buffering, and 
splitting. The plug-ins deliver the conditioned input signals 
to the acquisition system, which has a sample-and-filter archi- 
tecture for improved sample rate and noise performance and 
a scalable analog-to-digital converter (ADC.) architecture that 
allows input channels to be traded for higher sample rates. 
The plug-ins support active probing to provide nonintrusive, 
high-bandwidth connections to the circuit under test 

Plug-ins 

The plug-in architecture was decided upon to meet the IIP 
5 172(1/10 system design goals of configurable signal condi- 
tioning and variable signal routing. The function of a plug-in 
in this system is to accept the input signal to the oscilloscope, 
provide signal conditioning (termination Impedance, ac oede 
coupling, and filtering), and then present a properly sealed 
version of the signal to the acquisition and trigger systems in 
the mainframe. Plug ins also provide support and control via 
a connector on the front panel for active probes and other 
accessories that may be needed in front of the plug-in to 
allow interception of a signal. 

The plug-in concept provides for variable signal routing by 
allowing multiple-width plug-ins. The HP 54720 mainframe 
has four ADC channels and four trigger channels that are 
connected to four plug-in slots. With plug-ins that are two 
slots wide or four slots wide, the input signal can be fed to 
more than one ADC' so that interleaving can be done in the 
mainframe and higher sampling rates can be provided. 

Plug-ins protect the oscilloscope's inputs from KSD (electro 
static discharge) and excessive signal levels, and store cali- 
bration factors that relied their own ai-cnracics so that when 
they are plugged into any mainframe there is a specified 
level of accuracy. The intent of" the input protection is that 
ESI) or overvollage will cause no damage to any pari of the 



oscilloscope. In practice, and especially with high-frequency 
(in nits, it is not always possible to protect the input from all 
types of overstress. Specifically, it is the plug-ins' job to pro- 
tect the AI )( 's ;utd trigger circuits in the mainframe from any 
damage. If a plug-in is damaged by excessive stress the cost 
to the customer is moderate, but if the ADC or trigger inputs 
in the mainframe are damaged, the cost to the customer 
could be substantial. 

The general block diagram of a plug-in is shown in Fig. 1. 
The trigger and vertical output connections arc between the 
back of the plug-in and the bulkhead oi'llte mainframe and 
use high-quality, floating, 50-ohtu coaxial connectors. These 
connectors provide a high-band width interlace between the 
plug-in and the mainframe so that future plug-ins or main- 
frame acquisition systems can use the same mainframe The 
poww, data, and control lines of the module interface bus 
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Fig. 2. Integrating peak detector. An overload Indication causes the 
jiitpruintov tn disconnect, liie input signal and report the overload to 
the mainframe DPI . 

are connected using a multipin D-shell connector. The input 
connector type is determined by the application for the 
plug-in and the bandwidth needed. Mosl applications til 1 
GHz and below would use a BNC-type eomiector. Higiier 
bandwidths use a type N Connector, wliich is easily adapted 
to SMA, but much more reliable than a permanendy attached 
SMA eomiector. 

HP 54713A Single-Slot Amplifier Plug-in 

The HP 547I3A plug-in is a 500-MHz high-impedance ainpli 
tier plug-in designed to accommodate high-impedanee resis- 
tive divider probes. It allows users to connect to or probe 
circuits that cannot drive 50-ohm loads or the low resistance 
of resistive divider probes (500 or 1000 ohms). The input to 
Die HP 54713A is 1 megohm shunted by 7 pK The 500- MHz 
bandwidth is adequate for many applications and allows 
various types of signal conditioning such as ac or de coupling, 
switchable 50-ohm termination, and low-pass and high-pass 
filtering for removing noise when needed. Also, the 500-MHz 
bandwidth is only one fourth of the sample rate of 2 GHz, 
which helps limit aliasing for real-time measurements. The 
HP 54713A uses the same high-impedance attenuator/ 
amplifier as the HP 54500 Series of benchtop oscilloscopes. 
This is a thick-film hybrid circuit containing a mechanical 
attenuator and a bipolar IC housed in a custom shield. The 
use of tills integrated attenuator/preamplifier allows the HP 
54713A to provide a general-purpose oscilloscope front end 
at a reasonable price per channel. 

HP 547 14A Single-Slot Plug-in 

The HP 547 14A plug-in is a dual-channel version of the HP 
54713A. It allows two channels per IIP 51720/10 slot. Multi- 
plexing between die two channels is done in the plug-in, be- 
fore Uie vertical and trigger signals are sent to the mainframe. 
This plug-in allows the HP 54720 system to have up to eight 
channels, four of which can be simultaneously sampled. 
This plug-In provides a higher channel count for applications 
such as ATE. 



HP 54712 A Single-Slot Amplifier Plug-in 

The HP 54712A is a 1.5-GHz amplifier plug-in. It provides a 
system bandwidth of 1.1 GHz and has a fixed inpul imped- 
ance of 50 ohms. This plug-in will allow up to four 1-GHz 
bandwidth channels in the HP 54720 system. Since the sam- 
pling rate is only twice the bandwidth, it is normally more 
useful in equivalent time mode, since some aliasing may 
result. However, if the input signal is known to be band 
limited to approximately 500 MHz, then the use of this 
plug-in for single-shot measurements will produce a more 
accurate result than a lower-bandwidth plug-in. 

Hie attenuator used in I his plug-in provides the normal 1, 2, 
5 at herniation sequence used in oscilloscopes and provides 
either ac or dc coupling and :i signal pickoff for overload 
detection. The ac/dc selector switches a 0.047-uF capacitor 
into or out of the signal path. This allows ac coupling (dc 
rejection) of signals that are superimposed on a dc signal. 
Thi.' pickoff for overload protection is a 51-kilohni resistor 
connected to the 50-ohni transmission line. This resistor 
goes to an integrating peak detector. The circuit is show-n in 
Fig. 2. 

'! In' intern of the pickoff eircuiliy is to disconnect the iopol 
signal if it. exceeds a certain level for a period of time. Exces- 
sive dc and signals into the few-MHz range will be detected 
by this circuit and cause the attenuator to open one of its 
sections. The reason an integrating peak detector is used 
and not just a comparator is so that temporary spikes (such 
as hooking up an external dc blocking capacitor) will not 
cause the attenuator to open. Protection from spikes and 
ESD overvoltages is provided by back-to-back diodes in the 
signal path. 

The preamplifier in the HP 54712A is a thick-film hybrid cir- 
cuit. The circuit provides the buffering, gain, and signal 
splitting required for trigger and vertical outputs (see Fig. 1). 
This preamplifier achieves a typical bandwidth of 1.5 GHz or 
better and has a gain of six. Its schematic diagram is shown 
in Fig. 3. It is implemented using chip and wire technology 
on a thick-film substrate. The gain ami bandwidth are pro- 
vided by an Avantek silicon MMIC MOD AMP, which is a two- 
transistor shunt feedback stage. Using active laser trimming, 
the overall gain and output impedance are adjusted using a 
resistor network at the output. A combination of low V ce on 
the input transistor pair and feedback in the MODAMP mini- 
mizes I hernial Iransients that would cause nonflat step re- 
sponse. Long-term flatness and dc accuracy are achieved by 
means of a dc loop around the amplifier with the gain of the 
loop matched to the gain of the amplifier, 

HP 54721 A Two-Slot Amplifier Plug- in 

The HP 5472 1 A is a t.wo-slot-wide version of the HP 54712A. 
It uses the same preamplifier, but has two vertical outputs 
rather than only one (see Fig. 3). Thus the HP 54721 A can 
split the input signal and route il to the ADC inputs of two 
IIP 54720/10 slots so that interleaving can be done. With this 
plug-in a system bandwidth of of 1.1 GHz is achieved with a 
sampling rate of 4 GHz. This provides a sampling-rat e-to- 
bandwidth ratio of approximately 4: 1 which is adequate to 
limit aliasing in real-time measurements. This plug-in also 
provides an external trigger channel and two power and 
control ports for active probes. 
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Fig. 3. Simplified si hematii diagram of thi HP54712Aand 54721A plug-ins 



HP 54711 A Single-Slot Attenuator Plug-in 

The HP 5171 1A plug-in is designed to allow access to the 
maximum bandwidth of 2 (-Illz in an III' 54720/10 mainframe 
slot. It also makes it possible to extend the trigger band- 
width of the HP 5472(1/1(1 system to 2.5 GHz and provides 
power and control for two active probes. The only elements 
in I he vertical signal path through the plug-in are a 50-oftm 
Step attenuator and an input litmler, The atlenualor provides 
inpul sealing and input level pickoff like ilie HP 54712A de- 
scribed above. The limiter protects the mainframe's ADC 
inputs from ESD and excessive input signal. To achieve the 
trigger bandwidth, the HP 5471 IA leverages the 2.5-GHz 
trigger hybrid used in the IIP 5112(1 family of sampling 
oscilloscopes. 

HP 54722A Four-Slot Attenuator Plug-in 
The HP 54722A is a four-slot-wide attenuator plug-in. It al- 
lows an input signal lo lie splil four uays am! ronied lo die 
A I it s i if all ft mi 111' ■" 1720 >]i>is. Tins configuration achieves 
an H-Glls; sampling rate by iulerleavitig die four 2 -GHz sam- 
pling rale AliCs. The band with h of this configuration is 2 



GHz, which is one-fourth die sampling rale. This helps limit 
aliasing for real-time measurements. Since passive resistive 
dividers are used to splil I be inpul signal, the maximum full- 
resolution Sensitivity is SO niV/div. A step attenuator is used 
to achieve a miniinuui sensitivity of lV/div. Input protection 
is provided by the same coaxial limiler as in the HP 5471 1A 
plug-in. Triggering is external onl\ and leverages the 2.5-GHz 
trigger hybrid used in ihe HP 541211 family of oscilloscopes. 
This plug-in is designed for single-channel, high-bandwidth, 
real-time measurements. Bs bandwidth and good signal fi- 
delitj provide customers wilh stale-of-lhe-atl viewing otl'asl 
single-shot events. 

Acquisition System 

Tlie heart of the performance contribution or the IIP 
54720/11) is Lhe acquisition system tiiat digitizes anil slores 
the input waveform. To perform high-rcsoluliou and high- 
sample-rate data acquisition at the same lime, an interleaved 
ADC system was chosen. The block diagram of lhe IIP 5-1720 
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Fig. 4. Block diagram of Che HP 54720 acquisition system 

acquisition system is shown in Fig. 4. There were five key 
goals for the AJK." system: 

• 2-GSa/s sample rate on each of the four channels, storing 
8 us of data 

• 2-GIIz bandwidth on each of the four channels 

• The ability to interleave the channels to achieve sample 
rates up to 8 GSa/s 

• The ability to trade sample rate for memory depth by 
interleaving memory 

• The ability to trade both sample rate and memory depth for 
improved resolution. 

These goals had to be achieved with technologies that were 
available and could be manufactured reliably and at competi- 
tive costs. To meet the aggressive performance goals and (lie 
manufacturing goals simultaneously, a number of techniques 
were employed: 

• A new sampling technique called sainple-and-filter, which 
reduces the performance requirements on the fC process 
technology while avoiding GaAs processes in favor of more 
conventional silicon bipolar processes. 

• Nairow-apertme bipolar sampling circuits, which provide 
ti taxi mum bandwidth with minimum noise contribution. 

• Thick-film ceramic hybrid technology, which provides 
exceptional high-frequency signal propagation, signal 
isolation, and passive device matching. 

• A clocking and control scheme that provides for interleaving 
oT the acquisition hardware resi mires, either in time (for 
higher sample rates) or in memory depth (for longer record 
length}, or in some optimal combination of tiiese alternatives. 

Acquisition System Overview 

The HP 54720 acquisition system is composed of four identi- 
cal hybrid mierocireuits and control and clocking circuits 
to support the interleave system. The key performance 
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Fig, S. Acquisition hybrid eantafaiBg the sampler IC ®j low-pass 

filters i''. ;irmli>H-tii-(iigita! conveter chips©,and FiSO memoir 
chips Si. There are four acquisition hybrids in the HP S4720 
mainframe, one per vertical channel. 

specifications of the system are determined by the hybrid 
mierocireuits, each of which represents one ADC channel. 
Each hybrid microcircuit consists of five silicon integrated 
circuits along with passive thick-film ceramic filters Com- 
bined on one ceramic substrate as shown in the photomicro- 
graph, Pig. 5. On each hybrid are a four-channel sampler IC, 
four passive fillers, two dual 500-MSa/s 8-bit bipolar flash 
ADC chips (see photomicrograph. Fig. G), and two dual 16K- 
sample fast in, slow out (FISO ) memory chips. The complete 
hybrid dissipates 17 watts and measures 3 by 4 inches. To 
ensure good hybrid yields, a comprehensive al-speed wafer 
test is employed for both bipolar chips as discussed in the 
article on page 73. 

This hybrid ADC channel is repeated four times within the 
IIP 54720 oscilloscope. A 2-GHz clock is distributed to each 
of the four ADC channels as shown in Fig. 4. The clock is 
phase-locked to a reference 100-MHz system clock to pro- 
vide time alignment of the sample points. Discussion of the 
sample point phase-locking scheme will be presented later 
in this article. 

Within mi ADC channel (one hybrid}, there are four separate 
sampling padis, as shown in Fig. 7. hi each patli are a bipolar 
narrow-aperture sampler, a low-pass filler, a 500-MSa/s 8-bit 
flash ADC. and a 1 OK-sample FISO memory. Therefore, 
within the HP 54720 system, there are 16 separate 500-MSa/s. 
16K-deep ADC paths. These can be combined to provide a 
single channel with a sample rate of 8 GSa/s with 256K mem- 
ory, four channels with a sample rate of 2 GSa/s wit h 64 K 
memory, or some other combination of channel count, 
sample rate, and memory depth as preferred by the user. 
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The secret to allowing this sample rate/memory depth opti- 
mization is the interleaved docking scheme and the control 
of the F1S0 memory chips to create a chain of memory in 
acquisition time. The interleaved clocking scheme is pro- 
vided by liming circuitry on the bipolar' sampler chip, which 
generates lour 500-MHz sample pulses thai clock l'i mr sets 
of sampling circuitry. The phases of these sample pulses can 
he shifted to any one of three states, as shown in Fig. 8, de- 
pending on the desired sample rate. Fig. 8c. for example, 
shows full interleaving of the sample clocks wiihin one 



hybrid, giving 500 ps between sample points, equivalent io 
2 GSa's. If hybrids A and B in Fig. 4 are placed in this mode 
and then their clocks are staggered by 250 ps, this achieves 
-1 GSa's acquisition, effectively combining two channels to 
aeliieve twice the sample rale. This same technique can he 
extended, using the HI 1 54 722 A plug-in. to 125f>s wimple 
points, or 8 tiSa/s. Very precise time-interleaved edge con- 
trol and jitter is required to realize high resolution at these 
sample rates. This topic- will be covered in more detail later, 
along with the description of the F1SO memory control. 

Another possible use of the ADC channels is b i combine the 
paths for more vertical resolution while sacrificing both 
sample rate and memory depth. In Fig. 8a, all four- paths on a 
hybrid are sampling the same waveform ai the same lime. 
i rflsetting the reference voltages within the ADC chips by 
one fourth of an ADC code widt h will yield four times the 
resolution. This technique for increasing vertical resolution, 
illustrated in Fig. it. can be extended to multiple hybrids, 
limited only by the broadband noise limits of the system. The 
HP 54720/10 has less than 300 fiV rms of noise on a 160-mV 
full-scale input. 

Sample rate is of secondary importance in equivalent time 
mode, since the trigger event is repetitive and stable with 
respect to the incoming signal. Therefore, the high-resolution 
feature of the interleaved ADC system is employed in equiv- 
alent time mode when the user wants maximum voltage 
resolution for careful signal characterization applications. 

In summary, the HP 54720 acquisition sysl em paths can be 
combined as resources to achieve higher sample rates up to 
8 GSa/s, higher memory depilts up in 2ofiK samples deep, or 
higher resolution up to ihe broadband noise limits of the 
system, or any combination of these alternatives to optimize 
the measurement for the users need. Table I shows Ihe com 
binations of resolution, memory depth, and sample rate thai 
are possible with the HP 54720 acquisition system for single- 
slot, two-slot, and four-slut plug-ins. 
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Table I 

HP 5472QD Digitizing Oscilloscope Sample Rate, 

Memory Depth, and Channel Count Options 

Real-Time Modes (8-Bit Resolution, BW = fJ4) 
Numher of Channels Sample Rate |f s ) Memory Depth* 







(samples) 


8 


2 GSa/s 


:!2iv :: 


4 


2 GSa/s 


64K 


2 


1 GSa/s 


128K 


1 


8 GSa/s 


250K 


Equivalent Time 


Mode |9-Bit Resolution, BW = 2 GHz) 


Number of Channels 


Sample Rate (I.,! 


Memory Depth 
(samples) 


S 


500 MSa/s 


L6K*» 


4 


600 MSa/s 


32K 


2 


500 MSa/s 


:J2K 


1 


500 MSa/s 


32K 



■ The HP 64720A has one-fourth the mprnnry sltOWfl here 

■ There are esght ittpul r.hannels hut only tout ADC channels and four sample memories, so the 
sysien will BCtJuiffl tour inputs simultaneously, then acquire the other tour, and so on 

Sample-and-Filter Technique 

The sample-and-filter data acquisition teclinique overcomes 
two important technology barriers to high-performance in- 
terleaved ADC systems. First, it reduces the bandwidth re- 
quirements of the flash ADC chip that follows the sampler, 
and second, it eliminates the need for high-impedance hold 
circuits, which can have anomalous behavior over the oper- 
ating conditions. At the same time, it imposes some new 
timing mid gain control requirements on the ADC system. 

Fig. 10 shows the signal and clock path on the ADC hybrid. 
At tlve far left, the input signal is applied to the bipolar sam- 
pler chip, where it is buffered through a transconduetance 
amplifier that, has gain G m . A narrow pulse (175 ps in this 
case) of Current proportional to the input voltage is applied 
to an RC network. During this rime, which is small with re- 
spect to the RC time constant, a charge proportional to the 
input voltage is deposited on the capacitor, charging the 
capacitor to a voltage equal to: 

V, = Vi„G m (175ps)/C 

When the sampler current is turned off. this voltage dis- 
charges through tlie resistor R. The choice of resistance is 
dictated by the sample period, in this case 2 ns between 
samples. The resistance must be kept low to ensure full dis- 
charge before the next sample occurs. Because the wave- 
form just described does not reach full amplitude, there is 
no requirement to hold the signal on the capacitor, as there 
is in a sample-and-hold circuit. This allows the use of high- 
current buffer circuits after the sampler RC network, guar- 
anteeing liigh performance by avoiding slew-rate limitations, 
and reducing the noise voltage contribution from the buffer 
input stage. 

The second key advantage of the sample-and-filter technique 
is the relaxed intermediate frequency (IF) bandwidth re- 
quirements. This is important because flash converters \v,\\ e 
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a well-known characteristic of losing differential linearity at 
high input slew rules. 1 This is a nonlinear eff'ecl caused by 
the ecige-rate-dependeni propagation delays Ihrnugh the 
buffer and comparator circuits. Reducing the edge rates Into 
flash ADCs by even a factor of two greatly improves the 
feasibility of the design within a given It ' process genera- 
tion. To show how the sample-and-filter technique realizes 
an advantage in this regard. Fig. 1 1 illustrates the timing of a 
sample-and-filter system (Fig. 1 la) compared to the more 
traditional sample-and-hold (Fig. lib) and track-and-hold 
( Fig. lie) systems. The intermediate signal between the 
sampler and the flash ADC in the sample-and-filter system 
has one-half the bandwidth requirement of a samplc-and-hold 
system and one-quarter that of the track-and-hold system. In 
the sample-and-filter system two full periods. I ns in this 
case, are allowed for the waveform to settle before the next 
sample is digitized by the following ADC. This long settling 
time is allowed because the waveform does nol have to settle 
to ahold value but is always returned to the baseline The 
product of the bandwidth and the settling time is a constant 
equal to one. assuming Gaussian settling to 0.196. Fig. 12 
illustrates a series of sample-and-filter waveforms that are 
overlapped as they are in the ADC path. Fig. 12a is a low- 
frequency input , Fig 1-b is a 250-MHz full-scale sine wave, 
and Fig. 12c is a full-scale dc input. Figs. !2l> and 12c illus- 
trate thai llie harmonic content ol'the IF composite signal is 
limited to 250 MHz full-scale ( Fig. 12b) and 50(1 MHz partes 
scale (Fig. 12e). These signals have similar slew rates and 
illustrate the [■eduction in IF bandwidth requirements as a 
result of using the sample-and-filter technique. 

Additional design requirements mnsl be carefully analyzed 
to realize I he advantages of I he sample-and-filter technique. 
As shown in Fig. 10, after the sampling action, the signal is 



passed through a linear IF filter, where the delay, attenuation, 
and bandwidth reduction are controlled \>\ precision thick- 
film components. The delay through this filter (approximately 
1.2 nsj musi be matched with a clock delay circuit on the 
sani] iler and ADC cliips so that the ADC sample occurs at the 
peak of the IF waveform, where the slew rate is minimized. 
At the same time, the IF filter attenuates the peak amplitude 
of the IF waveform as it smears h, energy captured in the 
narrow-aperture sampler over time, which creates poorer 
signal-to-noise ratios. Bol h of these fad t irs .- 1 re i i i in i i 1 1 i zed 1 1,\ 
using a well-controlled ceramic thick-film printing techm tegy 
to determine the Oiler components. Nonetheless, on-chip 
delay circuits and gam adjustment are incorporated to com- 
pensate for any delay and gain mismatches, some of which 
are inevitable because of process mismatches between the 
H' processes and the hybrid process. 

The delay through the IF path is calibrated by firmware, A 
dc input equal to a full-scale positive voltage is placed on the 
sampling channel and the clock delay is varied by means of a 
control DAC to search for the peak IF voltage. Using Fig. 12c 
as a reference, a 500-MHz quarter-scale sine wave has ap- 
proximately 160 ps during which it is within one 8-bil code 
of die peak value. 2 The calibration technique seeks to place 
the ADC sample clock within this window width 

Sampler IC 

The front -end sampler integrated circuit on each hybrid 

microcireuit in lite acquisition system contains four sampler 

channels. The key design objectives were: 

High bandwidth in the buffer and amplifier circuits 

(>3Grfe) 

Low distortion of full-scale input signals 
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■ Low noise — 200 uV mis referred fo the input 
Well-controlled sampling action in narrow apertures. 

The bipolar sampler circuit that produces these results is 
shown in Fig. 13. It is a differential current -in ode sampler 
implemented in a IM-GHz custom bipolar process. The 
single-ended input voltage is applied to the Vj„ pad and con- 
verted to a differential current from t he Q2/Q3 pair. The 
emitter degeneration of R| and Rj determines the distortion 
of the front end and dominates the noise performance. 

Tim differential current passes through the common-base 
stage formed by Q5, QG, Q7, and Q8. Sample strobes wil ti 
175-ps pulse width are delivered to the bases of these tran- 
sistors to turn on the sampling current into the sampling RC 
network I Ro, Rio, V\. (_';)). The sample pulse width is critical 
to the bandwidth of the system, as determined by the 
Fourier transform of the narrow aperture. A 175-ps pulse 
width corresponds lo 2-GHz bandwidth.- The pulse widdi 
also affects the pulsed gain of the system because it deter- 
mines the duty cycle of the sample pulse. It is important to 
deconvolve these two different effects of the sample pulse 
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width so that the gain and bandwidth of the calibrated sys- 
tem are both deterministic. To facilitate this deeonvolution, 
a dummy sampler channel is added to each sampler IC as 
shown in Fig. 14. This dummy channel replicates the pulsed 
gain of the oilier four sampler channels but is no! affected 
by I lie sample pulse duly cycle. The devices on the chip are 
well-matched (within a small part of one percent) and the 
layout of the devices Ls kepi symmetrical to ensure that this 
compensation method works well. 

Another compensation method is used on the input of the 
sampler stage. When multiple hybrids are interleaved, the 
bandwidth must match to ensure good performance at high 
input frequencies. There is a bandwidth adjustment circuit 
on the front end of the sampler. Under DAC control, the 
HFADJ line is modified to ensure that the bandwidths of the 
various hybrids match. The reverse-biased diode (Dl in Fig. 
13) is used as a variable capacitor in this method. Fig. 15a 
shows an envelope of a 2-GHz input going into the HP 
54722A four-slot plug-in with the sample rate set to 500 
MSa/s and Lhe memory depth set to 25I3K samples. The four 
hybrids are marked, A, B, C, and I). Hybrids A and G have 
their HFADJ input set to one extreme of the control range and 
hybrids B and D have their HFADJ input set to the other ex- 
treme or the control range. At a2-Ulk input frennetiry. there 
is a noticeable effect on the amplitude of the signal. The 
HFADJ control is attenuating the A and C inputs with more 
capaeitive load than the B and I) inputs. The control range 
exhibited here is approximately 1 dli at 2 GHz. This is 
enough to compensate for any process variations of the 
sampler IC bandwidth. Fig. 15b shows lhe same waveform 
after the bandwidth calibration factors arc calculated ami 
applied to the HFADJ inputs. The effective bandwidths of the 
lour hybrids now match ;uid full effective bits are delivered 
by the interleaved ADC system at 8 GSa/s for input signals 
up to 2 GHz. 




(a) 




(b) 



Fig. 15. Effect or hfadj input on bandwidth matching, (a) without 

and ( i>) iviili calibration. 

The complete sampler l( . incorporating four sampler chan- 
nels with postam pi i Tiers for gain control ami adjustment and 
the clock and sample pulse generation rirctiils, is integrated 
on a single bipolar IC, dissipating 5.5W on a 2(i-nitn- die. The 
■ ■hip is shown in Fig. 16. 

IF Filter 

The IF filter design is the single most critical design task in 
making the sample-and-uiter technique work properly. The 
IF filter (labeled "Low-Pass Filter" in Fig. 7) must have well- 
eonlrolled alleuualioii, delay, and settling time and must be 
as symmetrica] as possible to deliver a broad peak with 
minimum slew rate for digitization by the ADC. 

The IF filter is implemented as a passive, thick-film on 
ceramic, six-element Gaussian low-pass filter. It is shown 
photographically in Fig. 17. A differeuiial Gaussian filter was 
chosen to provide exceptional settling behavior and feasible 
integration The inductors range I'nun 7 lo :;: : : nil and aiv 
designed as spirals in ceramic while lhe capacitors range 
from 0.2 to 5 pF and are designed as plates. The key design 
challenges in (he filter are a result of the fan-out of the sig- 
nal from the sampler 1( ' to the ADC chips. The launch paili 
iniisl he treated as part of the first inductor, yet accumulates 
resistance and capacitance en route and so must be mod- 
eled as a lossj transmission line. Anothei modeling issni 
Dial complicates lhe design ol the filler components is the 
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Fig. 16. Sampler IC. 

coupling between differential launch paths, The result of 
these two physical constraints is that the launch between 
the sampler chip and the first inductor must be treated as a 
lossy coupled transmission lino. The last issue is the settling 
behavior, [f the filler waveform does not settle t.rj within a 
small part, say 1%, of the peak value within 2 ns of the peak, 
then inlersymbo] interference occurs. This is a condition 
where the current sample being digitized in 1 he Al K ' is a 
continual ion of the curreni input signal and some residual of 
the previous samples. The design goal of the IF filter design 
was to have an overdamped waveform settling to within 1% 
of the full-scale peak value within 2 ns. This required close 
attention to the modeling of the ceramic and It' components 
and additional termination within the filler. The impedance 
of the launch transmission line is lower al high freinieneies 
because of the capacittve elements. This is compensated 
before the first spiral inductor with a transmission zero to 
emulate an ideal inductive launch more closely. The net- 
work used to model and implement the filter design is 



shown in Fig, 18. As can be seen, it is more complicated 
than the simplified model of an ideal sixth-order differential 
Gaussian filter. This network is necessary to guarantee re- 
peatable attenuation, delay, and settling behavior in the filter 
section of the signal path. 

Variable Memorj Depth 

As stated earlier, a key goal for the HP 54720710 acquisition 
system was the ability to scale the memory depth and sample 
rate based on the number of ADC channels available and the 
user's needs. This seel ion and the next describe the design 
approaches taken to provide the variable memory depth and 
variable sample rale schemes. Also described is the design 
optimization required to realize high effective bits at very 
high sample rates. 

Variable memory deplh is provided by chaining the FISO 
memory chips in acquisition time. We will use one oscillo- 
scope channel to illustrate the principle. This approach can 
be extended to two, three, or all four oscilloscope channels 
in achieve even greater memory depth at the expense of 
channel independence. Fig. 8a shows the timing within one 
ADC hybrid when all four ADC paths are sampled at I he 
same time at 500 MSa/s. With this timing system and identi- 
cal reference voltages for the four flash ADCs, all four ADC 
paths present the same digitized data to the four separate 
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memory blocks on the FISO chip at the same time There* is 
a total of t'4K of memory on one hybrid in the HP 54720, Each 
four FIS< i banks is capable of storing £ tcrjuisi- 

Son time al NH i MSa's for a (otal of 128 us if ali four banks 
are in series. The design of Hie FISO chips includes a chain 
ing capability. For the first '12 us. ihe first memory bank is 
written to. From 32 to 64 us, the second FISO bank is written 
to. From 64 to 96 ps. the third hank is written to and from SG 
to 128 us. the fourth memory bank is written to. Since each of 
1 ranks receives the same data at the same time, 
the effect of this chain is io extend acquisition memory. 

Fig. 19 shows the schematic and timing diagrams that real- 
ize this chaining of memory blocks. There are two FISi > 
chips and dual data paths within each chip. The four I6S 
memory blocks are labeled A, B, C, and D. Two signals must 
be asserted before data can be written lo a memory block, 
indicated by the AND gate in the WRITE control path in Fig. 18. 
Ai the start "''acquisition, the RANK signal going into each 
FISO chip will determine the WRITE acquisition order. If this 
signal is high, the chaining flip-flops are PRESET to high, and 
if RANK is low, the flip-flops are RESET to low. The acquistt ton 
counter is PRESET to enable the first memory bank, labeled A. 
to be written to. The period of the acquisition counter is set 
to 32 us so that only bank A is written to for the first acquisi- 
tion period. After :*2 us. hank B is written to because both 
the counter and the chaining flip-flop outputs are high. 
Meanwhile, the PRESET from bank B's chaining flip-flop I ins 
propagated to the output of the chaining flop-flop for bank 
C. This signal propagates at a rale or 32 us per bank, allow- 
ing large margins on memory system setup time. Thus, dur- 
ing the third 32-us period, bank C receives an asserted write 
enable. During the fourth 32-us period, bank D follows. 

hi I h is way, as shown by the liming diagram in Fig. If), a cir- 
culation of write enables ocelli's within the memory system, 
making extendable memory depth possible. As stated ear- 
lier, this example is for one hybrid (oscilloscope channel ) 
bin can be extended up to four channels with the appropri- 
ate plug-in and user settings. II is also possible lo increase 
ihe sample rate to 1 GSa/s within one channel and store 64 
us rif acquisition time in memory. This is accomplished with 
a different programming of the chained write enable control 
path. In ihis case, hanks A and are written to simulta- 
neously; then, after 32 its, banks B and I) are written to. The 
row-seleci signals point at the specific memory elements to 
be written lo. Thus the FISO memory system is a circular 
memory witliin and between memory banks. 

Variable Sample Rate 

Variable sample rate capability is provided through two sep- 
arate but related schemes. First, on the sampler !(_' within 
each hybrid there are divider circuits, which can produce 
any of the three timing diagrams shown in Fig. 8 under 
microprocessor control The exact timing and jitter between 
these signals are critical to retaining high effect i\ e bits at 
high slew rates. H [is of lime skew- or 1 ps of mis jitter on 
one of the four sample signals shown in Fig. Se, for example. 
will limit, the performance of the acquisition system to 6 
effective bits on a 500-MHz full-scale sine wave. :i High-speed 
differential circuits are used wiihiu Ihe sampler li ' to mini- 
mize coupled jitter and lime skew. Fasl clock edges within 
the Signal path reduce this effec! as well, since llii' transistors 
spend less time in I lie critical switching regions. Sy.sleinalic 
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Pig. la. (a) FISOrnemorj writi control schematic (b) Timing 
diagram for chaining acquisition memory 

I iine skews caused by process, temperature, or voltage vari- 
ations within the chip are calibrated out with variable delay 
circuits ihal provide ±30 ps of programmable delay. These 
techniques eliminate skew atul jitter, achieving the design 
goals. 
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The second scheme Id achieve variable sample rales in- 
volves die timing of the sample clocks between oscilloscope 
channels. For example, in I he 8 GSa/s mode supported by 
the IIP 54722A fonr-sloi plug-in, all four oscilloscope chan- 
nels are used, wilh 125-ps clock timing oifset between the 
four 2-GSa/s ( 500-ps) hybrids. In this case. 4 ps of time skew 
or 2 ps of rms jitter can be allowed between the channels to 
achieve 5 effective bits with a 2-GIIz full-scale sine wave 
input. 

The clock liming offset is generated by phase-locking an 
incoming 2-GHz oscillator to a 100-MHz reference through a 
delay-locked loop in such a way that different delay amounts 
can be added to the delay-locked loop to change the sample 
point offset. The schematic diagram of the circuit is shown 
in Fig. 20. A delay-locked loop is like a phase-locked loop in 
that it has a zero in the forward path, which forces the in- 
coming signal, in the this case the 2-GHz sampler oscillator, 
to be phase-locked to the reference signal, the 100-MHz mas- 
ter clock. The difference between the two kinds of loops is 
that frequency lock is not required in the delay-locked loop, 
since the 2-GIIz and 100-MIIz clocks are already harmonically 
related and are not subject to long-term relative frequency 
drift. They are subject, however, to short-term phase drift., 
which can destroy the critical liming between sampling 
channels. The delay-locked loop prevents Ihis. 

Another point worth making here is the reason for using the 
100-MIIz clock as the reference rather than the 2-GHz clock. 
After all, the 2-GHz clock is I he clock [hat all I he samplers 
see. The problem is how to distribute the 2-GIIz clock to the 
printed circuit boards without the possibility of phase-locking 
to the wrong cycle. Signals travel over semirigid coaxial cable 
at approximately 150 ps/inch. The physical distances required 
for distribution of the HP 54720/10 clock among the acquisi- 
tion boards made it impossible to retain cycle coherency 
with a 500-ps clock. However, with a 10-ns clock, this was 
easily accomplished. 

Referring now to Fig. 20, the incoming 2-GHz oscillator 
clock en lets the sampler 1C and passes through variable- 
delay circuits with I25-ps steps, then is divided by four be- 
fore being sent to (be samplers in four phases of o<hi MHz 

and to Ihe phase detect or after division by five. The desired 



sample point offset relative to the 100-MIIz reference is pro- 
grammed into the offset of the error integrator. For exam- 
ple, if the system calls for no offset between the 100 MHz 
reference and the sample point, then none is entered into 
the offset reference. If 500 ps is desired, then it is entered 
into the comparator as an offset voltage and the loop forces 
this condition simply by adding another delay element in I he 
path of the 2-GHz clock. Delays smaller than 500 ps are gen- 
erated with a combination of coarse delay in the master- 
slave (lip Hop and 125-ps gale delays through smaller offsets 
into the comparator. The gain of the feedback loop is large 
enough to reduce the tuning uncertainty between the 100- 
MHz reference and (he 100-MHz signal obtained by dividing 
I he 2 GHz clock to a few picoseconds which is then cali- 
brated out. The feedback loop is fully differential to reduce 
coupled sources of offset. 

The remaining design goal was to reduce the drift of the 
sample point relative to the 100-MHz reference to a minimum 
so That under varying temperatures and supply voltages, the 
sample point would not move differently on different hybrids. 
This is ensured by making the gate delays from the divide- 
by-four circuit output through the divide-by-five circuit 
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Fig. 22. Step response of an 8-GSa/s HP B4720 system. 

equal to the gale delays from the divi de-by-four circuit out- 
put to the actual sample point. Since gate delays tend fa 
drift with the same temperature coefficient, equal delays 
will drift the same amount and there will be no differential 
drift. 

Measured System Performance 

Fig. 21 shows a reconstructed 2-UIIz sine wave that lias 
been digitized at 8 GSa/s. Fig. 22 shows a step response in 
the same configuration, showing 6% overshoot and 21 1-ps 
rise lime, equivalent to 2-GHz real-time bandwidth. Fig. 23 
shows effective bits for the 8-GSa/s rase and for the HP 
"1721 A plug in ;il I (iSa'.s. Both rases show effective bits 
better than live over the entire input frequency range. 

A key measure of ADC systems is the harmonic distortion 
caused by the nonlinenrities in I he amplifying and sampling 
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Fig. 24. FFT of i he i QHz reconstructed sine waw ol i ig.20, 
showing sidebands down 42 dB from tin fundamental 

circuits. These tionlinearities appear in the frequency domain 
as mtenuoriulatiiii) products surrounding the fundamental. 
Fig. 24 is the FFT of the 2-GHz reconstructed sine wave of 
Fig. 21. The sidebands are down 12 dB from the fundamental 
The energy in these sidebands represents the major distortion 
mechanisms tiiat contribute to loss of effective bits at high 
frequencies. 
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A Digitizing Oscilloscope Time Base 
and Trigger System Optimized for 
Throughput and Low Jitter 

Careful attention to low-noise coupling results in robust performance far 
exceeding what is normally considered possible with off-the-shelf ECL. A 
new interpolator design increases resolution by a factor of ten, reduces 
conversion time by a factor of five, and reduces jitter by a factor of more 
than three compared with previous designs. 

by David D. Eskeldson, Reginald Kclluni, and Donald A. Whiteman 



The lime ba.se and trigger system of the HP 54721)/]!) (light- 
ing oscilloscope has three major tasks. It controls the start 
and stop of the acquisition cycle, it recognizes a trigger 
event during an acquisition, awl it measures the lime from 
the trigger event to llie next sample clock. 

Fig, 1 is a block diagram of (he time base and trigger system. 
The time base control circuit starts and stops the acquisition 
synchronously with the sample clock. It also keeps track of 
the number of pret rigger and post -trigger events that have 
occurred, Before the time base and trigger system can look 
for a trigger' event, a certain number of pretrigger samples 
must he acquired. Similarly, a certain number of post-trigger 
samples must be acquired after the trigger event Both the 
pretrigger and post-trigger criteria are determined by the 
user's setup oT such things as the sweep speed and position, 
the sample rate, the record length, and the position of the 
record relative to the trigger event. 

The trigger circuit detects a trigger event defined by the user 
(edge, pattern, glitch, etc.). When enough pre I rigger samples 
have been acquired (determined by the time base control 
circuit), the trigger circuit will search for the next trigger 



Acquisition 












Acquisition 


Clock 








Cluck 






Time Base 
Circuit 




CPU 


*■ 


Acquisition 


Slan/Slop 




Start/Stop 
















TRIGARM 


















** 


Trigger 

Circuit 


ATRIG 


» 


Interpolator 
Circuit 














* 




•> ► 















event When a I rigger event, is found, the system I rigger 
(ATRIG) is generated and sent to the interpolator circuit. 

The interpolator circuit is used to determine the correct 
placement of the samples acquired. The interpolator circuit 
measures t he time from the system trigger to die next sample 
clock. 

Fig. 2 shows a timing diagram for a typical acquisition cycle 
in the HP 54720/10 oscilloscope. It begins when the time 
base and trigger system receives a Start signal from the 
CPU. The time base control circuit synchronizes the CPU 
start signal. The synchronized start signal enables the rest of 
the system and starts the pretrigger counter in the lime base 
control circuit. When the piei rigger count is finished, the 
I nne base control circuit arms the trigger circuit to look for 
the next valid trigger event. When the trigger circuit recog- 
nizes a valid digger event, it generates the system asynchro- 
nous trigger (ATRIG ). ATRIG starts the post-trigger counter in 
the time base control circuit. It also starts the Interpolator. 
The interpolator measures the time from ATRIG to a known 
edge of the sample clock. When the post-trigger counter 
Brushes its count, (he acquisition is complete. 

Sources of Measurement Error 

The measure of goodness for a time base and trigger system 
is its ability to make accurate, reliable delta-time measure- 
ments. The performance goal for the IIP 54720/10 lime base 
and trigger system was a maximum of 30 picoseconds of 
della-lime error. Most of litis error comes from contaminated 
interpolator measurements, where noise coupling, in the 
form of eilhfi jitter or nonlinearity, has caused the trigger 
event to he misplaced by some amount of time. 

Time base jitter is mainly caused by noise in the mtcjpolalor 
measurement. This noise could be introduced in the trigger 
circuit, in the interpolator circuit, or in the path I'mtn the 
trigger circuit to the interpolator circuit. In equivalent time 
sample mode, time base jitter can become a significant part 
of the error in a delta-time measurement. If the waveform Is 
tu 'i averaged, the delta-time measurement can be distorted 



Fig. l. Block diagram of the time base and trigger system 
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Fig, 2. Acquisition timing diagram. 



by as much as the amount of peak-to-peak jitter. This de- 
grades the repeatability of the measurements. 

If averaging is used, repeatability is increased, but the aver- 
aging of a jittery waveform acts as a filter applied to edges. 
This filter can affect the system bandwidth. If the jitter is 
Gaussian, the effective filter bandwidth can be described by 
the equation: BW = 0.132/{rms jitter). For example, with 
averaging on, a system that has 20 ps of rms jilier has an 
effective filter bandwidth of 6.6 < illz. 

Time base nonlinearities cause outright errors in time-interval 
measurements, A time base nonlinearity occurs when some 
noise source always causes the interpolator to inismeasure 
a particular time. I'sually, nonlinearities are continuous and 
therefore not so easy lo distinguish. Unless they are very bad, 
iliey distort the waveform by compressing and expanding it 
by very small amounts. 

Causes of Jitter and Nonlinearities 

The biggest challenge for designing llie lime base and trigger 
system became establishing a low-noise environment for the 
palh from the trigger circuit to the interpolator ramp circuit. 
Both lite I rigger circuit and the inlerpolatoi ramp circuit are 
on thick-film hybrids to help isolate them from noise. How- 
ever, the rest of I he support circuitry from I he I rigger circuit 
to the interpolator ramp circuit is on the printed eircuil 
board. 

The palh from the trigger eircuil to the interpolator ramp 
circuit is implemented using ECL flip-Hops. The ECL 10KH 
family was chosen because of its lasl edge speeds f 1 ns typi- 
cal), its stable threshold voltages, and the ability to termi 
nate outputs in a low impedance so that transmission lines 
can be used. The general philosophy was to propagate ATRIG 
from the I rigger circuit to the interpolator ramp eircuil with 
edges as fast as possible to prevent noise from coupling 
onto the edges. 

Even with 1-ns edge speeds, the signals are slill susceptible 

lo noise. Small aim mills of noise coupling onto a signal can 
significantly alter the timing of that signal. I'm example, a 
LO-mV spike riding on the baseline of ATRIG can shift the tim- 
ing of the transition by Id ps if'lhe transilion and the spike 
occur sirnullaneoiisly (see Fig. :ij. To achieve <30 ps error 



in del la-time measurements, any noise source that produced 
> : J >-mV spikes (roughly 3 ps error) was considered a problem 
to be dealt with. 

The main thing to keep in mind when trying to reduce cou- 
I iliisg in ECL circuits is that the ECL 1 OH 131 flip-flops used 
in litis design have single-ended inputs. When an input i ran 
sitions from low to high (or high lo low), the input transistor 
is abrupt ly tamed on (or off). This causes an abrupt, change 
in the current flowing from ground to power. The return 
path for the current is through the inductive ground and 
power leads. Since V = Ldi/dt, this change in current leads to 
ground and power bounce. Suite the thresholds for the 
single-ended inputs are referenced to power and ground, 
they too will bounce. 

Another thing lo consider is the energy generated by fast 
edges. Even though ECL 10KB is rated for roughly 100-MHz 
toggle rales, the 1-ns edges generated by ECL 10KH contain 
plenty of 300-MHz and 500-MIIz energy. While ECL lOKil 
doesn't have bandwidth to toggle at 300 MHz. it can pass 
some of (In- energy 
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Fig. I. Flip-flop !■'> output, showing ! 00-MHz dock coupling from the 
input 'it' flip-flop A. 

Finally, the substrate capacitance of an ECL 10KH K is 
enough to allow small am« units of high-frequency energy to 
couple in from one input, through the package, and hack i mi 
onto another input. 

Achieving Low-Noise Coupling 

li is important to note thai the performance desired from tin- 
discrete components used in this design far exceeds the 
performance specified by the manufacturer. Trying to 
achieve picosecond timing on nanosecond edges puts the 
design into a hypersensitive class. Neatly immeasurable 
amounts of noise cause problems in such a system. Through 
the use of several different techniques, the design achieves 
the desired level of performance. These techniques allow 
the use of cheaper off-the-shelf ECL components instead nf 
an expensive custom IC. 

The first technique is never to combine two critical functions 
within one IC package. The switching of one gate within a 
package will cause all thresholds within the package to 
bounce, which can influence the timing of other gates within 
the same package. This source of coupling was measured on 
a pair of ECL 10H133 dip-flops by running 100 MHz into the 
clock input, for one flip-flop and measuring the synchronous 
noise on the output of Hie other flip-Hop. Typically, this type 
of coupling produces 20 to 50 mV of noise (see Fig. 4 ). 

The solution to litis type of coupling is to isolate functions 
with more packages. For example, if function A is not re- 
lated to tune) ion B, put function A in a different package 
from function B. Since this tends to lead to wasted gates 
( and power and board space), this solution is reserved only 
for critical signal paths where a 10-ps timing shift would 
degrade the desired system performance. 

The second technique is to use the high output of a flip-flop 
and invert to gel the low- output. The ciock-to-Q-output cou- 
pling of nous witching outputs was measured to he Ave times 
higher on low outputs than on high outputs (see Fig. 5). This 
is unfortunate, since ECL flip-flops are clocked on transi- 
tions from low to high. To generate cleaner baselines for low 
signals, the solution is to use an inverting buffer on the high 
nut pui to achieve a cleaner low signal. 

The third technique is to double-buffer signals to increase 
reverse isolation. High-frequency energy \\ns being gener- 
ated by the clock divider circuits. Because of the substrate 




21Q.000 



Fig. 5. Clock -to-ouipul coupling on nooswitcMng outputs is higher 
on low outputs [top trace) than on high outputs. 

capacitance of the IC, small amounts of high-frequency en- 
ergy would couple hack through the package and cause sub- 
hannonic distortion of the main interpolator clock. There- 
fore, certain clock signals are double-buffered using an 
additional package to provide more reverse isolation. 

The fourth technique is to turn circuitry off when it is not in 
use. Some of the circuitry spends most of its time unused. 
For instance, only one sample clock is used during any par- 
ticular acquisition. Therefore, the signals corresponding lo 
other clock rates don't need to be switching- By disabling 
these other clock outputs, another potential source of noise 
is eliminated. 

The fifth technique is to filter inputs where edge speed isn't 
important. For these noncrit.ical input signals, a small filter 
is added to the input using the series resistance and the input 
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capacitance ■ >t tlie IC; this slows down the edge spee 1 1 and 
reduces higher-frequency harmonics. 

Trigger Interpolator 

In real-time and equh alenl time sampling systems, (he 
sample clock is asynchronous with the input signal and the 
trigger event. It is the task of the trigger interpolator to mea- 
sure the time interval between the trigger event at lime \» 
and the next sample clock at timet* (.see FJg, 0), This mea- 
surement facilitates the acciuate placement of data on the 
display screen. Because of the asynchronous relationship 
between the trigger event and the sample clock, the inter- 
polation interval varies from acquisition to acquisition. Fig. 
illustrates this characteristic. 

In previous designs t he tool for making this measuremenl 
has been the dual-slope ADC (analog-to-digital converter) or 
dual-slope interpolator (Fig. 7). This interpolator measures 
time by measuring the voltage on a capacitor. In the liming 
diagram ui Fig. -S: 

• At trj. a trigger event occurs ( ATRIG). 

• From tfl to STRIG (synchronous nigger), which is ihe second 
interpolator clock after to, the switch for U in Fig. 7 is 
closed by the interpolator control signal. As a result, the 
capacitor is charged to a negative voltage proportional to 
the duration of this inlerval. Because ol' the asynchronous 
relationship belwcen the trigger event and the interpolator 
clock, the duration of this inlerval will vary from acquisition 
to acquisition, and hence file charge on Ihe capacitor will 
vary. 



100 MH/ 

Interpolator 

Clock 



f fi-s:-S;c-l 




interpolator 
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Fig, H. Waveforms in the dual-slope Interpol) ' 



At STRIG, the interpolator control signal goes low, causing 
the switch for D to open, and the capacitor is charged by li 
to its original state. In Fig. 8 this occurs al 1 1- This original 
state or steady-state condition is controlled by the active 
clamp. If the acth e damp were not present li would charge 
the capacitor up lo lite supply voltage of the circuit 

During this charge mid discharge period the 100-MHz inter- 
polator clock is counted. The counters are enabled when the 
interpolator gate signal goes low. This signal comes from the 
output of the comparator, which s\\ itches around the refer- 
ence voltage V~Rpf. The reference ensures lhat the count 
takes place on toe linear portions of the ramp. From this 
count the interpolation interval is derived (the interpolator 
clock is synchronous with the sample clock). In our 10-ps 
system, l\ is 1000 limes smaller than I>, so the time required 
to discharge Ihe capacitor is 1000 times longer than t he i ime 
it takes to charge it. It is this characteristic of ihe dual-slope 
interpolator that yields its resolution. Effectively, the int.er- 
pnlaior magnifies the interpolation or uncertainty interval 
by Ihe ratio of the charge and discharge currents. In the 
10-ps system this magnification is 1000:1. The resolution of 
the system is the period of the interpolator cluck divided by 
the ratio of the charge and discharge currents. In this system 
a 100-MHz interpolator clock is used, yielding an interpola- 
tion resolution of 10 ps ( 10 ns/1000 = 10 ps). Ii is important 
to note that there is some error ill Ihe conversion, which is 
denoted t )es j ( i (la | in Fig. 8. This error is a result or I he fad 
that 1 1 does not occur on a rising edge of the interpolator 
clock, thai is, ( | is not synchronous with the interpolator 
clock. Therefore, the measurement is off by some fraction of 
one count. However, with a stretch ratio of 1000: 1 and an 
interpolation interval of 1 to 2 interpolator clock periods. 
this error is small, approximately I count/1500 counts = 
0.000%. 

As customers asked fur faster and more accurate measure- 
ments, ihe need for ;i faster and more accurate time base 
system became apparent. To acbievi l-ps resolution H ittl 
the old system, two approaches are possible. ( )ne appioai h 
would be to maintain a 100-MHz interpolator clock and in- 
crease Ihe si retell ratio In 10,000:1. This would leave the 
ramp so fiat that noise would make accurate measurements 
impossible. In addition, the conversion time would be ap- 
proximately 150 p.s, which would make the display update 
rale unbearably slow : . Another approach would be lo in- 
i rease the rate of the interpolator clock. Unfortunately, 
most commercially available flip-flops will only accept 
clocks up to 250 MHz. This still leaves lite ramp ratio al 
4000:1 anil the conversion time at 80 lis ( 1.5 clock periods x 
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1000). Since neither of these solutions was acceptable, a 
new approach had to be taken. 

Residual Interpolator Technique 

The residual dual-slope interpolator, Fig. 9, overcomes the 
limitations of the old dual-slope interpolator. Ii. functions 
much the same way as die dual-slope interpolator. The dif- 
ference is thai the residual interpolator performs a double 
conversion, as opposed to the single conversion performed 
by the previous system. 

The first conversion is exactly like that of the dual-slope 
system, hi that it interpolates the period between the trigger 
event and the second interpolator clock after the trigger 
event. The second conversion converts t res jj„ a |, which is the 
error left from the first conversion (see Fig. 10). Interpola- 
lion of the error maximizes the resolution. The advantage of 
this system is that the effective stretch ratio is now the prod- 
uct of the ratios bom the two conversions. Therefore, to get 
an effective stretch ratio of 10.000:1, which would yield 1-ps 
resolution with a 100-MHz interpolator clock, each conver- 
sion need only have a stretch ratio of 100: 1 . In addition, the 
conversion time corresponds to a stretch ratio of 200:1, 
which is the sum of the two 100: 1 conversions, rather than 
10,000:1. 



The residual dual-slope interpolator makes a threefold con- 
tribution over the 10-ps system. First, the interpolation reso- 
lution sees a 10:1 improvement, going from 10 ps to 1 ps. 
Second, die interpolation conversion lime is Improved by a 
factor of 5, from 15 us to '3 us. The significance of ibis con- 
tribution is thai il affords faster data throughput from input 
to screen, and hence gives the oscilloscope's display more of 
an analog response. Third, the interpolator jitter is reduced 
by more than a factor of three, from approximately 6 ps to 
1.8 ps rms. The improved jitter performance comes as a 
result of four primary design improvements: 

• Reduced stretch ratios equate to increased ramp speeds, 
which equate to lower ramp jitter. 

• A minimal number of gates betw r een die trigger event and 
the ramp circuit yields minimal jitter, since each gale adds 
jitter to the signal being propagated. 

• Maximized edge speeds of these same gates, obtained by 
using the fastest commercially available logic, equate to 
lower jitter because fast edges are less susceptible to noise. 

. The interpolator ramp circuit is powdered with an isolated 
supply. Thus the power supply is free from system noise and 
less likely to induce jitter. 
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Sample and Reference Clocks 

Digital oscilloscopes, unlike iheir analog counterparts, 

requires preosion dock to define the ■lime al which the 
samples are taken. The HP 54720/10 oscilloscope requires 
two timing signals: the 2-GHz sample clock and ihe 100-MHz 
reference clock. These two clocks must be phase-locked to- 
gether and distributed with a minimum of differential phase 
changes over the operating temperature- of the instrument 

The time measurement accuracy of the KP5475HV10 is limited 
by Ihe accuracy of the sample and reference clocks. There 
are three components of clock accuracy: 

• Long-term frequency accuracy 

• Periodic distortions 

• Phase noise. 

Lang-Term Frequency Accuracy. The ability of the instrument 
to measure long time delays and make precision time mea- 
surements is defined by the long-term accuracy of the clock 
as measured by a precision counter. 

Periodic Distortions. Periodic distortions consist of higher- 
order harmonics and lower-order subharmonics. These two 
types of harmonics have significantly different effects on 
clock accuracy. 

The 2-GHz clock is a sine wave with small levels of harmonic 
distortion. Higher-order harmonics shift the position of the 
Crossovers relative lo the fundamental, but do not shift Ihe 
position of one sample relative to tin.- in-xi (see Fig. 11). An 
extreme example of ibis would lie a narrow pulse train, rich 
in harmonics, but with a constant period from one pulse to 
ihe next. The primary problems that can occur with higher- 
order harmonics are a reduced rate of change al ihe cross 
overs leading to a less stable sample position and increased 
radiated or conducted interference within or outside the 
instrument. The higher-order harmonics are specified in he 
no more than -30 dB relative In Ihe fundamental, a readily 
obtainable level with the oscillator types considered. 

Subharniomcs, or harmonics below the sampler clock 
frequency, are much more significant because they cause 
periodic shifts in ihe sample positions (see Rg. 12). Ihe 
subharmonics on the 2-GHz sample clock are specified al 

"0 dB. This corresponds to an amplitude nil in of fnndumen 
lal to harmonic of 311) to I and a sample position error of 
approximately 0.5 ps. Subharmonics generated within the 
oscillator are not the only cause for concern. The 100-MHz 
reference clock is distributed from a high speed EClrlevel 



Pig. 12. Sub] important tl unics 

■ 

gate, and the edges are rich in harmonics thai without care 
ful design of the distribution network would be coupled into 
the sample clock 

Phase Noise. Phase noise, the random error from one sample 
clock crossover to the next, could cause a reduction in the 
i ffecti ce I jits of the instrument and would affect the acci iracy 
of long delays. Phase noise is most prevalent in phase-locked 
oscillator designs. 

Three types of oscillators were considered to generate Ihe 

2-GHz sample clock and the synchronous 100- MHz reference 

clock: 

A 100-MHz crystal oscillator generating the reference clock 

and a 20-to-l multiplier to generate the 2-GHz clock. 

A 2-GHz STW (surface transverse wave! oscillator with a 

fundamental frequency of oscillation of 2 GHz Counters 

would be used to generate lite 100-MHz reference clock. 

A 100-MHz crystal oscillator to generate the reference clock 

and a phase-locked loop with a 2-GHz oscillator to general e 

the sample clock. 

"fbe crystal oscillator- with frequency multiplier is Ihe RiOSl 
stable oscillator at medium cost. A carefully designed multi- 
plier produces a minimum of phase noise. The output Stage 
can be designed as a filter directly driving ihe distribution 
network. Vendors can provide this kind of oscillator in a 
sealed enclosure with maximum shielding. However, the 
liming of the nmltipliei Stages can be difficult, leading In 

unpredictable output levels without careful manufacturing 
techniques. The production controls required suggest a 
vendor with this kind of manufacturing experience. 

STW oscillators can be designed lo have a fundamental 
oscillaiion frequency of 2 GHz, No subharmonics arc pro- 
duced. A counter or othej technique is required to generate 
the 100-MHz signal. Stabilities similar to a crystal i an be ob- 
tained With integration, tins would be a low-cost solution for 

high-volume production. However, STW oscillalors al this 
frequency are new. Production experience has nol yet been 
gained, Buffering itinsl be provided lo limit coupling of the 
100-MHz dock into the 2-GHz dock. Phase stability is not as 

good as a crystal, ami Ihecire-uil would probahlj be more 
complex than the crystal design unless il were Integrated 

The phase-locked oscillator provides the stability of die ref- 
erence oscillator without multipliers. It lends itself to inte- 
gration, bill its phase noise is greater than the crystal oscflla- 
lor's. Buffering is required to minimize coupling of I he 
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Fig. 13. Clock oscillator. 

100-MHz cluck into the 2-GHz output. A prescaler is required 
if off-die-she If pacts are used. 

After careful review of the various oscillator systems il was 
decided to use a crystal oscillator with frequency multiplier. 
Il is a custom oscillator designed by Veciron Laboratories 
(see Fig. 13). The most important specifications are: 

Frequency accuracy 50 ppm 

H srni 1 1 i c d i stortion < -30 dBc 

Subhamionics < -50 dBc 

2-GHz output level into four parallel 

50-ohm loads 1 .0V p-p 

100-MHz sine wave output into 50 ohms 0.6V p-p 

Clock Distribution 

For 2-GHz clock distribution, each acquisition hybrid re- 
quires a IV p-p signal from a 50-ohm transmission line. Back 
termination is not required. The oscillator could have been 
designed to drive a power splitter or to drive the four lines 
in parallel. The higher voltages required to drive a power 
splitter complicated the oscillator output stage. The final 
output stage drives a transmission line of 12.5 ohms, equiva- 
lent to four 50-ohm lines in parallel. The output stage is 
tuned to compensate for the inductance of the output pin. 
This eliminates the need for an expensive connector on the 
oscillator. The stage is matched to drive 12.5 ohms. For the 
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Fig. 14. The sample clock is distributed syflnaetricaHy to tin [our 
acquisition hybrids on transimssinii lines that transition from 50 
ohms at the hybrids to 26 ohras and then to 12.6 ''Inns at the 
oscSBatot 

signals to each hybrid to have the same amplitude il is nec- 
essary to maintain symmetry from the oscillator output to 
die lour 50-ohm lines coupling the sample clock to the hy- 
brid. Fig. 14 shows how this is accomplished. To simplify the 
layout and reduce the requirements for layout precision the 
outputs are symmetrically coupled in pairs to i he oscillator; 
making a transition from 50 ohms to 25 ohms and then lo 
12.5 ohms. 

For 100-MHz clock distribution, the hybrids and the time 
base require 100-MHz ECL signals with transition times on 
the order of 500 ps. The oscillator output is a sine wave to 
minimize cross coupling from the 100-MHz signal to the 
2-GHz signal. The transition from the oscillator output to 
the ECL output is made with a high-speed ECL clock driver 
with outputs paralleled to ensure that temperature drifts are 
common to all hybrids. 

The final circuit configuration or 100-MI \v. oscillator and 
2-GHz multiplier has proved reliable lo manufacture. Tiie 
2-GHz transmission lines and the cable system for the 2-GHz 
clock maintain repeatable levels oT signal to the hybrids 

and the 100-MHz clock system has had no difficulties with 
siibhaniioiues. 
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A Rugged 2.5-GHz Active Oscilloscope 
Probe 



Superior electrical performance is maintained by suspending a fragile 
electrical structure inside a rugged package and isolating the fragile parts 
from external abuse. The design required numerous trade-offs between 
performance, durability, aesthetics, and cost, with performance and 

ruggedness the primary goals. 

by Thomas F. Uhling and John K. Sterner 



Higher bandwidths along with rat ire accurate responses have 

been llii* trend for new digital oscilloscopes A necessity wilh 
i his higher level of performance is a probing system thai can 
accurately deliver signals from die device under ii-si ( Ul I i 
(n ilie oscilloscope. The probe must also maintain high inpul 
impedance in!' i the gigahertz range for low loading of the 
DLT. These requirements set the stage for the design of the 
HP 54701 A active probe. 

High Bandwidth 

ll makes no sense to purchase an expensive high-performance 
oscilloscope like the HP 547^(1/1(1 and then lose lh.il perf'or 
mance by pulling a lower-performance probe in t'roui of it 
ideally, the probe should he transparent to [he oscilloscope 

system, thus maintaining the toll performance level lothe 
probe lip. 



To obtain this kind of performance with the HP 54701 A. em- 
phasis was put on maintaining the maximum possible band- 
width in each stage of the amplifier. The Impedance buffer 
or firsi stage was designed using n-p-ra bipolar emitter 

followers as shown in Fig. 1. The inpul of the amplifier is ae 
ii hi] Jed sii i he base of Ql can be biased at a negative voltage. 
This allows the collectors ofijl through Q-'l to be grounded, 
eliminating complicated bypassing of I he collectors and en- 
suring stability. Ql and Q2 are self-biased with resistors R)j t 
and Ru2- These resistors also eliminate the need for bypass- 
ing the power supplies, (hereby conserving real estate and 
ensuring stability, To achieve the desired response, resistors 
are pbiced in I he collectors of i.jl and I j:t lor damping. This 

approach proved to work better Hum series base damping 
and also produces a lower noise floor for die amplifier. The 

output stage consists of a common-base amplifier, which 
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maximizes die bandwidth ami shifts die signal level back to 
ii ii volts 'If- In both I he input and the output Stages the 

bandwidth is optimized, yielding a typical bandwidth of 3,4 
GHz for the [ IP 5470 1 A. The specified bandwidth i3 2.5 GHz. 

Input Protection 

In the past, active probes have been notorious for being 
highly susceptible to electrostatic discharge (BSD), making 
them a specialty tool and no! a generaJ-ptinw.se tool. Since 
the need for high-frequency measurement devices is increas- 
ing, a rugged active probe has become essential. This is a 
problem not easily solved for any microwave device. Protec- 
tion schemes typically require large input devices shunted 
by large clamping diodes, which ail have high input capaei- 
tances. The need for low probe input capacitance conflicts 
with these schemes, making them of no use. 

The HP 5170 1 A probe uses four protection schemes working 
together to protect the input up to 20 kV of ESD while main- 
taining a low 0.6 pF input capacitance. The four schemes 
consist of a dual-cut spark gap, an ac input coupling 
capacitor, a dual-path amplifier, and p-i-n diode clamps. 

The dual-cul spark gap is ihe lirsi line of protection for the 

probe. Fig. 2 illustrates the physical layout of the dual-cut 
spark gap used in the III' 547(1 1 A. It consists of a long nar- 
row line connecting the input of the probe to ground. Two 
laser cuts (G.0G2-inch gaps) are made in the line to make Ihe 
line appear as an open circuit under normal operation. When 
a high voltage is seen at die input diese cuts will exhibit a 
corona breakdown, limiting the input voltage lo less than 
I ii kV. The long hue to ground is needed to isolate the input 
from ground, thus maintaining minimum probe input capaci- 
tance. Two spark gap cuts arc needed to drive the UC reso- 
nance resulting from the capacitance of Ihe gap and the 
inductance of Ihe line out of Ihe bandwidth of Ihe probe. 
The original design had only one gap with a capacitance of 
approximately 125 IF. The inductance of die line is approxi- 
mately ID nil, putting the resonant frequency at 4.5 GHz. By 
cutting two gaps the capacitance is reduced by a factor of 
two, driving the resonance out to approximately (3 GHz. This 
puts the resonance far enough out of band, that it does not 
disturb the probe's response, yet maintains a low enough 
breakdown voltage to protect Ihe input. 

The second hue of protection is an ac coupling capacitor in 
front of the RF amplifier. This capacitor is sufficiently small 
(200 pF) that it limits the amount of energy that can he 
transmitted to the RF amplifier. To maintain a dc coupled 
amplifier a dual-path amplifier was designed with opera- 
tional amplifier til. The input to Ihe operational amplifier is 
protected by a high division ratio of probe input signal lo 
operational amplifier input signal. The overall performance 
of ihe probe is optimized by using the operational amplifier's 
low noise and accurate tic performance characteristics. 
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END 




The last line of protection consists of two p-i-n diodes back 
to hack, connected to the input of the RF amplifier. The two 

diodes also lituil Ihe amount of energy seen by Ihe liF ampli- 
fier, making Ihe overall system ESD-resistant up lo 20 kV. 

Response Accuracy 

It is important for probes i" have accurate responses since 
they become pari of the overall measurement system. To 
achieve Ihe specified accuracy lor the 111' 5470IA. several 
techniques are used, ranging from a dual-path amplifier to a 
precision active trim, 

A dual-path amplifier has many advantages over a single- 
path amplifier running open-loop. The first was mentioned 
above; il allows Ihe KF amplifier to he ac coupled, thus lim- 
iting the amount of ESD energy reaching its input. Another 
benefit of the dual-path amplifier is dc stability. The high 
loop gain of the low-frequency amplifier— HI in Fig. 1 — 
helps eliminate the dc offset and drill of Ihe RF amplifier. 
Another effect corrected by the low-frequency loop ate 
thermal tails generated by the RF amplifier. These are 
caused by the instantaneous change in power of the micro- 
wave transistors When a slep is applied to the probe input. 
The heat generated by die change in power must dissipate 
down through the transistor and into the substrate. As the 
temperature changes the Vj„ voltage of ihe transistors 
changes, causing the probe's output signal to track the ther- 
mal change. Thermal bails in (he HP 54701A occur with a 
time constant of approximately one microsecond. This is the 
thermal I ime O instant for heat to be dissipated from the 
junctions of the microwave transistors into die ceramic sub- 
si rale. To correct I his problem the low-frequency loop re- 
quires a bandwidth of 500 kHz. 

Three adjustments are made to match the responses of the 
low-frequency loop, the RF amplifier, and the input com- 
pensation divider. The adjustments are made by an active 
trim method developed specifically for this probe. The dc 
gain is controlled by die low-frequency amplifier, which is 
adjusted by resistor ratios. A dc voltmeter measures the 
output of the probe and controls a laser trimmer, which 
trims Ihe resistor. This is done in an iterative manner until 
llie dc gain of the probe is set to 0.1 ±0.05%. The next two 
gains set are ac responses, wltich creates the problem of 
accurately measuring pulse parameters to an absolute level. 
To do Uiis, substitution is used. The input pulse is first put 
into an oscilloscope for calibration through a 20-dB pad 
Measurements are made of voltage levels al "3 ns, 80 ns, and 
1.4 us after the leading edge. The 1,4-us measurement is 
considered to be a dc measurement, the 80-ns measurement 
is considered midfrequency, sad the 3-ns measurement is 
considered high-frequency. To trim Ihe midfrequency gain 
the difference between Ihe voltage levels at 80 ns and 1.4 us 
is calculated and compared to Ihe calibration As before, a 
resistor is i rimmed In an iterative manner until the probe's 
response matches that of the calibration. To trim the high- 
frequency response the same method is used as for the mid- 
frequency, except the difference is taken between the tins 
measurement and the 80-ns measurement and Ihe trimming 
is done on the input capacitor Cj in Fig, 1. The active trim 
matches all three gains within ±0.25%, giving Ihe probe a 
very flat, accurate response. Actively trimming the inpui 
capacitor C'[ to match Ihe compensated divider eliminates 



Fig. 2. Dual cut sparkgap for etectrostaJJt discharge protection. 
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Fig, 3. Cutaway view ofthi 

die need for a bulky mechanical adjustment. This makes it 
possible for C\ to be as small as 100 fF and be trimmed 10 un 
accuracy of approximately ±0. 1 fF, thus minimizing the input 
capacitance of the probe. 

Mechanical Design 

Active probes have had a reputation for being expensive and 
very fragile — easy to break both electrically and mechani- 
cally. The electrical performance of the IIP 5170 1A probe 
requires the use of small, precise geometry and materials 
dial are optimum for their electrical properties bul have 
poor mechanical properties. The mechanical challenge w;ls 
to create a very durable package that does not <■< mipronii.se 
the electrical performance, from both I he electrical and 
mechanical standpoints, we wanted the user to be able to 
use the probe without worrying about breaking it either 
electrically or mechanically. 

It was decided early to achieve the electrical goals by sus- 
pending the ceramic substrate that contains the probe cir- 
cuitry in air in the probe (Fig. 3). The mechanical structure 
has to hold 1 be probe tip in the proper position and make 
electrical contact with the circuitry, but not allow any exter- 
nal forces to impact the circuitry. These external Forces can 
come from normal probing, dropping the probe, pulling or 
flexing of the cable, or environmental factors, 

The final design accomplishes these objective.-, by isolating 
file circuitry from external influences by means of a protec 
live shell and by using the backbone of the probe, [lie heal 
sink, to preslress the more fragile component, the ceramic 
substrate (Fig. 4). Preventing the ceramic from breaking 
made for a vi-rv challenging mechanical design. 

Electrical Considerations 

The input impedance of a probe determines how it will 
a fleet I he circuit under test. The ideal probe has a very high 
impedance, that is, the circuit sees it as a very large resis- 
tance, and more important, as a very small capacilive load. 




Bellows 
Fig. 4. Cutaway view ofthe probt tip 

Inductive loading comes from the ground return. Inductive 
and capacitive loading becomes increasingly important as 
the frequency increases. 

The input capacitance of the probe is highly dependent on 
the geometry of its input circuitry. To provide low capacitive 
loading the input st.mcl.ure should have a very small geometry 
with a very low dielectric constant, and there should be space 
separating the circuit elements and the ground ret urn. The 
best dielectric obtainable is a vacuum, with air being nearly 
as good. Unfortunately, tow-dielecfcrie-constanl materials 
have virtually no strength or stiffness, which are needed for 
mechanical ntggedness. To achieve very low input capaci- 
tance and increased high-frequency performance the input 
circuitry is located "far" from the metal ground structure, 
that is, it is built on ceramic and suspended in air. 

The replaceable tip screws into threads ullrasonicnlly in- 
serted into an acetyl dielectric nosepiece. This plastic part is 
then crimped into a stainless-steel barrel which provides the 
ground return path. The tip makes contact with the circuitry 
by means of a flexible bellows made of very thin nickel plated 
with gold, If the probe is dropped directly on its tip, the re- 
placeable tip will be bent but the circuitry will be unaffected. 

I be signal return for very high frequencies requires a short 
1 1, ill to minimize inductive loading of the circuit under test 
and the oscilloscope front end. Minor changes in the way 
the signal is returned proved to cause very large changes in 
i In- pulse response of the probe. The ground return is imple- 
mented by linking the ground structure under the first I ran 
sistors to the front tube by means of a beryllium copper 
contact. This contact also centers the hybrid during the sub- 
strate attachment procedure and prevents movement or the 
front tuhe assembly with respect to the ceramic substrate 
dining use. 

The inductive loading is affected primarily by the shape of 
the conductors bringing the signal in and reluming lite sig- 
nal to the circuit Returning the signal typically requires 
some sort, of external hookup because of all the possible 
probing configurations and circuits and the requirement that 
the probe can move freely around. The primary constraint 
on the IIP 5 17(11 A was to provide a well-defined ground path 
in a very short distance to the barrel of the probe. We 
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not dropping them enough times and that we had not yd 
learned how to detect mk-rocracks. 

By the lime We had functioning prototype probes, they could 
nol be broken on the shock machine wen with the table 

raised to 1 1 1 « -■ maxi m possible height (approxiniateh ISO in) 

which is far above the required qualification height. Bui as 
probes were distributed for use, we did have a number of 
prototypes that came back broken. These were probes I hat 
were dropped from bench level onto a hard floor. In other 
words, a six-font controlled drop would not bleak the 
substrate but a 30-ineh uncontrolled drop would. 



Fig, 5. In ilmp t'-sis, tlie renin lie >nl«i rates tended to breal wrhere 
the laser cutting theni rail i hanged directions Ctop) Tins failure 
le was eliminated by increasing the radius at that point. 

started with a Short battel al the front of the probe to mini- 
mize capacitance, but had to lengthen the barrel to shield 
and isolate the high-impedance input circuitry, This also 
helps make the front end mine nigged and causes only a 
small increase in input capacitance. 

Throughout ilie design of the probe, signal fidelity was a 
primary goal. It drove I lie design decisions in almost all areas. 
A thick-film hybrid process was chosen for the ability to fire 
and trim very high-precision resistors and capacitors and to 
use bare EC chips. Fnfortnnately, this means that the sub- 
strate is a ceramic material, which is characteristically very 
brittle and prone to breakage. Ceramic has a relatively large 
dielectric coefficient, another reason for suspending the 
front circuitry in ah - . A cutout at the front (Fig. 5) minimizes 
stray capacitance in the divider network. 

Ruggedness 

We wanted the customer to be able to treat this probe with 
impunity. Accidental drops from a lab bench onto hard 
floors are everyday occurrences, and if a drop results in the 
breakage of an expensive piece of equipment. I lie results are 
an unhappy customer and a warranty problem. 

Initially we used the standard drop table to test the rugged- 
ness of the probe assembly. This is a controlled experiment 
in which the device under lest is firmly attached to a heavy 
table and subjected to a controlled shock impulse — typically 
a half-sine pulse whose amplitude mid width can be adjusted 
within bounds. For engineering tests we started with small 
drops and raised the drop height until w r e broke probes. This 
test was useful in that substrates were broken, pointing the 
way to design improvements. The substrate is cut out with a 
( < : >2 laser. When chopped with the plane of the substrate 
vertical it (ended to break where the laser changed direction 
i Fig. -"'). leaving a radius about the size of the laser beam. 
Maximum radii were added as shown in Fig. 5, effectively 
eliminating that failure mechanism. 

Al this stage we periodically dropped probes on the floor 
and struck them against walls as a check of the more con- 
trolled tests. These probes did not appear to break, so we 
fell fairly good about the assembly and the validity of the 
standard drop tests. What we did not know is that we were 



Controlled versus Uncontrolled Drops 

To understand the problem we examined the difference be- 
tween the controlled drop and the uncontrolled drop, hi the 
controlled lest the probe is firmly attached to a heavy steel 
table and subjected lo ;i well-defined half-sine-shaped pulse 
without Impacting any particular point on the prohe. The 
machine can be adjusted Tor various magnitudes and shapes 
of pulses, the limit being a full-height ((>0-in) drop of the 
table without any cushioning, resulting in a half-sine-shaped 
pulse of 83l)g with a pulse width of 1. 72 ms. 

To see what kind of shock a real chop presents to a probe, we 
attached an accelerometer to a probe and simply dropped it 
on the floor. Pulses as short as 0.5 ms were easily obtained. 
However, typically the accelerometer would overload, so we 
never got a good measurement of acceleration. 

Analytically, we usually assume these pulses to be half sine 
waves. The limit as die pulse width goes to zero and the 
amplitude goes to infinity is an impulse function. A normal- 
ized measure of the energy in the pulse is AV, the integral of 
the pulse acceleration over lime. If the pulse is assumed lo 
be a half sine wave, then: 



AV 



a(t)dt *= Asin^jdt = 2^ 

J I) i (9 



Ax 



In a free-fall impact, we can also calculate the change in 
velocity at imp act as the difference between the i mpa ct 
velocity Vj = - V '2gh and the rebound velocity V r = /2gX, 
where h is the drop height and x is the rebound height. 
Using I lie concept of a coefficient of restitution e: 



x 

h 1 



< e < 1, 



we can write: 

AV = |V r -V,|= e|Vj| + [¥;!= (T+OlVjJ 
or 

AV = (1+ eK2gh, 

Thus we can calculate the expected AV for a drop on the 
floor given a value for e. If we assume e = 0,2 (customary for 
a hard surface) we can calculate a half-sine pulse of: 



A 



(1 + eta 



v 2gh = 125fig acceleration amplitude 



for a prohe dropped 3(j inches to the floor. 
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Fig. 6. Controlled and estimated uncontrolled shocks. 

We now can calculate the spectrum of the pulse either anah/t- 
ically by the Fourier transform or simply by using a Computer 
and a fast Fourier transforru (FFT) routine. 

Fig. ij shows a representation of the ideal pulse from the 
shock machine at its maximum drop and the shook a probe 
can get simply by being dropped on the floor. Fig. 7 shows 
the spectra of the two pulses. Clearly there is more high- 
frequency energy in the drop on the floor than the shock 
machine is capable of delivering even though AV Is smaller. 

Substrate Dynamic Response 

Experimentally we had verified thai die lowest resonance of 

a loaded substrate is about 2.5 kHz. We I bought thai this was 
well beyond what would cause problems in shock or vihra 
lion. Now we knew why we were wrong. Our shock machine 
was nut capable of much less than about a l.o-ms pulse 
width, which produces very little energy beyond about 

i km. 

The next step was to measure the dynamic response of the 

substrate by hiding il wild a very small pulse and character- 
izing ils response. The typical melhod is in attach an aecel- 

erometer to a structure, bit ii with an impact hammer in 

various places, and use a spectrum analyzer lo generate a 
transfer fund ion thai shows ihe frequencies at which the 
structure resonates. We had a real problem with this struc- 
ture because even the liniesl acceleromelers are very mas- 
sive compared to the substrate and would nol have given 
accurate results. The same is true of imparl hammers — the 
available ones are. just loo large. 
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Vig. 7. Spectra ol trolled and estimated uncontrolled shock! 



Instead, we used a magnetic field proximity detector fKanian 
KD2400 displacement transducer), which required only a 
small piece of copper tape on die substrate. The detector 
outputs a signal proportional to position. The impact was a 
small piece of brass wire bounced on the ceramic. We mea- 
sured the response of the ceramic hut did not have any mea- 
surement of the input force so we could not measure the 
transfer function. However, we were aide to look at the 

nim oftbe response and make qualitative judgments. 

The substrates measured were blank rather than loaded with 
components I because we were testing unloaded s 
There are a few components, notably capacitors, that add 
mass to die real circuit and would rend to lower die resonant 
frequencies. 

In these tests, the primary mode of \ ihration was found to 
be ai the center of the substrate — a fairly sharp peak at 
about 3.5 kHz. Earlier tests with loaded substrates put this 
res mance ai 2.5 kHz. The second mode was ihe tip vibrating 
at about 8 kHz. The modes were isolated by mo\ mg the 
proximity sensor around to find the points of maximum re- 
sponse. We now had a feeling for how the internal parts 
move under impulse excitation as well as what frequencies 
were important and a way to tell if modifications changed 
the structure's characteristic properties. 

"Feel Good" Test 

We also wanted some way to test, the actual breakage mech- 
anisms, that is, to hit the probe with a hard pulse. We tried 
for sonic time to come up with some repeatable way to hit 
probes with sharp pidses, but eventually decided that if we 
could break I hem by simply dropping them on Ihe floor, why 
not just drop Ihem on Ihe floor? 

A "feel good" test was agreed upon by the project team. 
Basically, the assembled probe should survive a large num- 
ber of uncontrolled drops from heights in excess of a typical 
lab bench. We made a number of different probes, each with 
different solutions, and put Ihcm through a series of drops of 
increasing heights. To pass the "feel good" test a probe had 
to survive ten ihree-fool and ten Tour-foot straight drops onto 
a concrete floor, and ten three-foot and ten four-foot pulls off 
a i able onto a concrete floor. We used the technique of pidling 
a probe off the tabic by ils cable because this is how some of 
the prototypes were broken. Tlus proved to be a particularly 
effective waj i if consistently breaking substrates. 

We prepared prototype probes and began Ihe "feel good" 
test. What we saw al first was that the probes would survive 
a few drops, bill repealed drops would cause breakage. This 
helped explain why we did not detect these breakages earlier. 
We began to experiment, brainstorming different experiments 
thai we thought would improve performance on ihe Teel 
good'" test. Occasionally we would have great successes, 
only to find that the results were not repealablc. We eventu- 
ally amended the "feel good" test so dial a sample of five 
probes had to pass. 

The three solutions that survived ihe test and were imple- 
mented are: 

Change Ihe dynamic response of the substrate loshil'i the 
primary mode of vibration up in frequency and effectively 
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eliminate the secondary mode. Tins is done with a ceramic 

beam. 

• Absorb the energy of the drop, particularly I lie high- 
frequency energy ( > 1 kHz), by means of a rubber bumper. 

• Prestress the ceramic ho ihai ii is nut loaded in tension in 
the worst breakage areas. 

Ceramic Beam. The ceramic beam provides additional support 
to the front of the cantilevered ceramic subsume (sec Fig I : 
This beai ii mostly eliminates any breaking o! the tip Of 1±te 
ceramic. In dynamic measurements, the second-harmonic 

mode of vibration is essentially gone, and the first mode of 
vibraiion is shifted from 3.5 kHz to 1.2 kHz and reduced in 
amplitude. The beam is epoxied into position when the sub- 
strate is attached. Ceramic is an appropriate material be- 
cause it is familiar in the assembly process area and does not 
introduce problems with differing coefficients of thermal 
expansion. 

Bumper. The soft (iO-d urometer PVC bumper is an overmold 
on the probe shell (see Fig. 3). Its function is to prevent the 
most vulnerable part of the probe from hitting a hard sur- 
face. It also acts as a low-pass filter, effectively absorbing 
the high-frequency energy in the shock pulse. This makes 
the front of the probe larger than desired, hut we tlecided 
that the gain in ruggedness offsets the gain in size, and 
.someone who is extremely concerned with size can easily 
cut away the rubber bumper. 

Preslressing during Glued own. The first two solutions gave us 
order-of-magnitude increases in survival rates over the ini- 
tial configuration, yet after several drops, the ceramic would 
stubbornly break at the point where all the mechanics came 
together. Typically the break would be in the form of a micro- 
crack — difficult to detect visually or electrically unless the 
probe were somehow stressed, either by bending the probe 
body or by leniperanire induced stresses. We realized lh;M a 
lot of the anomalous behavior we had seen throughout de- 
velopment could he explained by these microcracks — small 
enough to maintain electrical continuity but opening up un- 
der an applied stress, either thermal or mechanical. This 
also helped explain why we did not detect breakage earlier 
in the process — we did not know what to look for. 

We amended the test for breakage from a visual inspection 
to an electrical check under an applied bending moment. We 
checked the continuity of a trace that rims the length of the 
substrate while bending the outside of the probe to open a 
crack in the substrate. This proved to be a simple and fool- 
proof method of detecting a crack. We also applied a dye to 
Ihe substrate after the tests to verify whether t here were 
cracks. 

Ceramic is an extremely brittle material. Its strength is very 
high in compression, and under ideal circumstances can be 
very high in tension, but various factors conspire to create 
defects and stress concentrations that cause it to fail cata- 
strophieally under what can be very low loads in tension. 
These tests made it clear that the best way to keep a brittle 
material such as ceramic from fracturing is never to allow it 
to be loaded in tension. The practice of prcstressing has 
been used for many years to allow structures such as bridges 
and buildings to be fabricated out of concrete, another 
brittle material. The structure is heavily loader! in compres- 
sion so that design loads that would normally bring the 
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Fig. 8. Prestressang prevents tensile loads™ fcheceiai di ml strafe 

structure into a tensile state of stress only cause the mate- 
rial to go from a highly compressive to a less compressive 
state of si ress (see Fig. 8). 

We had been using a conductive epoxy to attach the sub- 
strate to the heat sink. The epoxy minimizes the length of 
the thermal path from the small IC chips to the outside of 
the probe. It also maintains the precise mechanical toler- 
ances from Ihe Ileal sink features to the interconnect fea- 
tures on the hybrid for front-end interconnections. Initially 
we used only a small epoxy preform in the area where there 
was a critical thermal requirement, but we tried a large num- 
ber of variations during testing. The technique that gave best 
results was to use a small patch at the front where the hot 
ICs are and another in the rear to force the prestress across 
the middle where the breakage typically occurred. Alumi- 
num has about twice the thermal expansion of alumina (ce- 
ramic), so conventional wisdom would lead one away from 
such a situation. Joining two such dissimilar materials lends 
to lead to high thermally induced stresses. However, we 
used this to our advantage to build-in the desired prestress. 
The epoxy is applied as two preforms of the correct shape in 
an uncured condition (see Fig. 9). The substrate is precisely 
fixtured to locale it with respect to features on the heal sink 
and to compress the front and rear beryllium copper contact 
springs. The entire sandwich is put in a curing oven at 
300"!'. During this phase the epoxy is essentially a viscous 
fluid mid the substrate and heat sink come into equilibrium 
at 300°C. The epoxy cures, locking the two dissimilar mate- 
rials at this state. Upon cooling, the aluminum heal sink 
wants to shrink more than the ceramic, putting the alumi- 
num in tension and the subsume i ceramic) in sufficient 
compression thai cracks are never allowed to open in ihe 
brittle ceramic. 
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It turns out that the force causing die prestress depends 
primarily Oil the cross sectional areas of the ceramic and 
aluminum and the curing temperature, ami is independent 
untie distance separating the epoxy patches. The epoxy 
patches need to be large enougii to maintain the shear load- 
ing, which is really the ideal way to load a glue joint. Test- 
showeci that two patches on each end worked better than 
epoxy over the entire surface. 



Conclusions 

The electrical design of the HP 54701A active probe dictated 
structures less than optimum for mechanical ruggedness. 
Performance goals often conflicted with niamifuriiirabiliry 
and ruggedness goals. Through ihe process of trying to pass 
our "feel-good~ test we tried many different configurations. In 
the end the three solutions of ceramic beam, rubber bumper, 
and prestressed gluing yielded probes that consistent ly 
passed our test. Removing any one of the solutions again 
gave us failures, s* > all three solutions were implemented. 
The result is a probe that greatly improves both electrical 
performance and mechanical ruggedness over previous 
designs. 
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Accuracy in Interleaved ADC Systems 

The overall performance of the HP 54720 oscilloscope is the result of 
the synergistic effects of calibration, signal preconditioning, and data 
postprocessing. 

by Allen Montijo and Kenneth Rush 



Why would someone choose io implement a time-interleaved 
A] « ' system instead of simply using ihe latest technology to 
implement a single ADC with the desired performance? Sim- 
ply put, a lime-interleaved ADC system can achieve superior 
performance, given the same implementation technology. 
For a given technology, there is theoretically no limit to the 
sample rate that can be reached using interleaving methods, 
alt In nigh there Is a limit to the bandwidth ami thus the use- 
fulness of interleaving. Real-world limitations such as power 
and space place practical limits on the level of interleaving 
that can he achieved. For the HP 51720 oscilloscope, these 
limits allowed us to put four 500-MSa/s ADC's unto a single 
hybrid to achieve a maximum sample rate of 2 GSa/s. With 
the HP 54722A plug-in, all four hybrids are interleaved to 
achieve sample rates up to 8 GSa/s in one instrument. Six- 
teen ADCs on four hybrids work together to sample at con- 
sistent intervals of 125 ps with a signal bandwidth of nearly 
2 GHz. 

Interleaving is accomplished by routing the input signal to all 
ADCs and providing a conversion dork with a suitable phase 
to each ADC (see article, page 11). One ADC hybrid in this 
instrument contains four ADCs, each capable of sampling at 
500 MSa/s. The input signal is split four ways, sampled, and 
fed to the four ADCs. Each of these four signal paths is fur- 
nished a clock, which is used io coordinate sampling and 
digitization. In this system all four clocks run at 500 MHz at 
all sample rales, giving an overall data rate of 2 GSa/s per 
hybrid. Circuitry on the sampler IC controls the phasing of 
the clocks while circuit ty on the ADC ICs decimate the data 
to the correct rate {see Fig. I ). 

To illustrate some of the problems that interleaving creates* 
look at a simple system that interleaves two 1 -GSa/s ADCs 
to achieve 2 I ISa/s. For ease in understanding, assume that 
l he ADCs have infinite resolution. The results obtained apply 
to real ADCs with finite resolution on a statistical basis. 

An offset difference between the two ADCs is digitized to 
different codes by the ADCs. Since the ADCs output data 
alternately, the output data values exhibit a pattern with a 
period equal to the sample rate of an individual ADC, or 1 
GHz in this example ( Fig. 2), The error signal is not a func- 
tion of the input signal, but only of the difference in offset. 
When \ AI It's are interleaved, [he basic period of the error 
signal remains the same (the sample period of a single ADC), 
hut the frequency content can increase because each cycle 
of the error signal contains N values and N arbitrary offset 
errors. 




Fig. 1. 1 Sods phasing and data decimation control the sample rate. 
TIn i !' icks always run at 500 MHz and the edges that eonl n >1 I hi 
Best eight samples are indicated (a) iU 2 GSa/s the clocks are 

phased i cements of BOO ps fjM degrees) and data is stored or 

■-, ■ :■■. clock. (In At 1 GSa/s the clocks arc phased at increments of 
I ns 1 180 'I'm:! 1 ' i •-■ : and each [with sinri'.s i-vcrj other sample, !<') At 
51 m MSa/s and below, the clocks are in phase and the ADCs take 
turns storing data, decimating the data as required. 

Fig. 3 demonstrates that if there is a difference in voltage 
gain between the two ADCs, mixing occurs. If a sine wave is 
applied to the system, the largest difference in ADC outputs 
occurs al the peaks of the sine wave. As with an offset error, 
the basic error occurs with a period equal to Hie sample rale 
of an individual ADC, but the magnitude of the error is mod- 
ulated by the input frequency. In this example, if a 20-MHz 
signal is applied and the two ADCs have a difference in gain 
of 10%, then the envelope of the error signal is 5% as large as 
the 20-MHz input. The error signal is a 1-GHz carrier that is 
amplitude modulated by the 20-MHz input signal. With a 
full-scale sine wave input and a 0.25-dH mismatch in gain 
i <:!"■:,), the effective bits parameter is limited to 5.8 by this 
source of error alone. Increasing the number of ADCs that 
are interleaved increases the number of frequencies that are 
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Fig. 2. "['! itput produced fflCs 

with an offset error betweet Lhemistto rfginal ignalplusan 
error signal at tin individual Al« sampling frequency, or half the 
Interleaved sampling frequency 

available as carriers. All harmonics of the individual AIM 
sample rale can simultaneously be carriers. 

An error in liming shows a sindktr result (Fig. 4). The samples 
are supposed to be precisely 500 ps apart It' I hey are 510 ps 
and -19U ps apart, then there is a 20-ps skew between ihe 
ADCs. This timing skew will show the largest error where 
ihe signal has the highest slew rate, or at: the zero crossings. 
The envelope of the error signal will be largest at the zero 
crossings and will have a period equal to the period of the 
input signal. Once again, the basic error signal has a period 
equal to Ihe sample rate of an individual ADC. The error 
from a timing skew is identical lo the error from a gain dif- 
ference, except that its envelope is shifted by 90 degrees 
and its magnitude is frequency dependent In this case the 
[-GHz carrier is amplitude modulated by Ihe derivative of 
the input signal. With a Mill/ input signal and a lime skew 
ol'-l ps, the number of effective bits is limited lo fi.O by Ibis 
source of error alone. 

The three sources of error jusl described are straightforward 

to ileal wiih. I fnfbrtunately, other errors are not so simple. 

Differences in frequency response bclween the signal paths 
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Fig, 3. k system of two interleaved -M" witha sainerroi between 

i hem iuL.riKiiu-4's an error signal 1 1 i-i sists "' a can ei a! the ni'li- 

', I'iiiiil sampling frequem ) I hat Samplitude modulated bj the 
original signal 




Fig. 4. > i ii| ni n una system of two interleaved \l» s * th a timing 

?eert them includes u error signal at the individual ADC 

sampling frequency, or one half the combined sampling frequency. 

The carrier is amplitude \ Lulated by thi derivativie if the original 

signal The errra ■■ maximum on the slewing portion of the waveform 

create gain and phase (timing) errors that are a function of 
frequency. These differences can be caused by process vari- 
ations, which affect the j nisi I ions of poles and zeros in the 
response, and by nonsyrtunetrie coupling between the signal 
paths. 

Another problem with the interleaving approach is diat it 
requires more circuitry, not just in the ADCs, but also in sup- 
port cireuil ry such as DACs. Software complexity also grows 
since there is more circuitry to control, although it grows at 
a slower rate than the degree of interleaving. 

Even with all of these pitfalls, interleaving provides tire least 
expensive and I tighesl -performance method for sampling at 

extremely high rales. 

Calibration 

How do you get I he rnusl mil of any ADC system":' The task 
begins with calibration; the quality and extent of the calibra- 
tion is one limiting factor determining the accuracy of ihe 
data. Calibration typically includes gain and offset adjustments 
for the verticil] system ;uiti liming alignment for systems 
with lime-interleaved AlH's. VVr also calibrale (he system 
linearity to achieve the ultimate level of performance, 

When we set out to design (he III 1 54720 system, we had 
several goals in mind for calibration. First, the user nuisi be 
able to calibrale the components of the system (plug-ins and 
mainframes) separately, and each component must have a 
place to store its own calibration factors, so that any cali- 
brated plug-in can be inserted into any calibrated mainframe 
arid the combination will typically he accurate within 3%, 
using only the yearly calibration data. Second, a 1% "best- 
accuracy" calibration must result when a plug-in is calibrated 
in and remains in a specific slol of a mainframe. Third, the 
calibration sources must be completely self-contained. 

Two methods are used in (he system calibration. The most 
common is physical adjustment of a hardware parameter 
such as gain, usually via DACs. The second is characteriza- 
ii, in a parameter, such as linearity, is measured so that Hie 
instrument software c;m compensate after ihe data has been 

acquired. 
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Vertical Calibration 

Hie signals used fur si calibrations come from a calibra- 
tion (CAL) BNC connector on the instrument front panel, 
which can output a variety Of ac and dc signals. To calibrate 
the system vertically, a high-quality (±0.2%) dc source with a 
range of +2.5V is used. Feedback from the CAL BNC allows 
the dc amplifier to cancel ground drops in I lie system and any 
resistance in the internal cable leading to the BNC connector 

Three statistical techniques are used lo improve the accu- 
racy and repeal ahj lily of the calibrations. The first is to take 
a statistically significant amount of data for each measure- 
ment. Knowing the noise sources in the instrument and I be 
desired calibration measurement accuracy, il is a simple 
matter to determine how much data is required Tin' second 
technique is to dilber ilie dc calibration source. Rather than 
making one measurement with a fixed input voltage, several 
measurements are made with different values for the dc 
source, For example, if a measurement is desired with the 
dc source al 40 mV, 21 measurements might be made wirli 
i lie source scanning from 39 mV to 41 mV in steps of 100 uV. 
( riven the quantizing effects of the ADCs this is extremely 
important; this step eliminates uncertainty resulting from 
finite ADC code widths. The third technique is to randomize 
the order in which data is taken when determining transfer 
ruives. This reduces the effects of low-frequency perturlm- 
liotis in the system by distributing them acrosMhe entire 
transfer curve rather than just a small section. Assume that 
an nth-order polynomial is being fit to a transfer curve and a 
disturbance causes the first seven measurements to be low 7 . 
If those seven measurements are concentrated in one area 
of the transfer curve, then all terms of the polynomial are 
affected. However, if the seven measurements arc spread 
throughout the transfer curve, then the effect is primarily 
limited to the y-intercepi term. 

The nominal input voltage range to the mainframe is 160 mV, 
centered about 0V, Each signal path has a gain vernier on 
the sampler K w it h enough range to accouu! for process 
variai inns plus an additional ±8% to compensate for gain 
errors in plug-ins and probes. Calibrating this vernier allows 
the system to use the full range of the ADCs at all major 
sensitivity selections. 

Each signal path also has its own offset adjustment Offset 
error is a function of the gain vernier position and must be 
calibrated as a function of the vernier. Simultaneous calibra- 
tion of the gain vernier and offset is required if the system is 
to use the full range of the ADC. Offset calibration accom- 
plishes two things: (1) it compensates any offset errors 
along the signal path and (2) it injects the dither signal : see 
I >ither and Bits," page 42) into the signal path. 

The gain and offset are calibrated by adjusting the respec- 
tive DACs until the top and bottom ADC thresholds are at 
the desired input voltages, for example, at nominal gain, 
these parameters are adjusted until itie top ADC threshold is 
at +80 ntV and the bottom ADC threshold is at -80 mV. 
Dither is introduced during I he gain and offset calibration by 
mollifying this calibration. The target threshold voltages are 
adjusted such that thresholds are in increments of 1/4 LSB 
(T LSB = 1.25 mV at nominal gain). In the above example, 
the top and bottom thresholds would be adjusted to 4-80 mV 
+ dither [n] and -80 mV + ditherfn], where dither[n] = -3/8 



LSI! for the first path, +1/8 LSB lor the second path, - US 
LSB for the third path, and +3/8 LSB for the fourth. Thus, lite 
ADCs are calibrated so that the thresholds are interleaved in 
voltage, with thresholds spaced 1/1 LSB apart. 

The gain vernier is calibrated by calibrating the gain, offset, 
and dither at several gain sellings within the ±8% range. For 
each signal path, polynomials are ill to the data to arrive al 
expressions for the gain vernier I )AC code and the offset 
DAC code as a funeti< m of t he requested gain. 

Real-world ADCs are not perfectly linear, A variety of prob- 
lems such as nonlinear input capacitance create system lin- 
earity errors (integral nonlinearily ) while effects such as 
resistor and V'i„. mismatch create local linearity errors (dif- 
ferential tiouliuearily). In the acquisition hybrid, these errors 
are characterized and accounted for through a linearity cor- 
rection calibration, lite calibration routine slowly moves the 
input signal across the range oft he ADC to determine the 
position of each threshold. Each ADC code from each path 
is then assigned a value midway between its upper and lower 
thresholds. For example, if the thresholds tor code 62 from 
the third signal path are located at 3.245 mV and 2.133 mV, 
then that code is assigned the value (3.245 mV + 2.13:") mV)/2 
= 2.689 inV. This characterization maximizes the accuracy of 
the system and minimizes the noise power of quantization 
and linearity errors. 

When a plug-in has its yearly calibration performed, the 
mainframe in which it is calibrated arts like a voltmeter and 
needs to be in a state of calibration. The gains of die passive 
attenuator elements are determined and stored for later use. 
The transfer curve is determined for each preamplifier gam 
setting and is approximated with a thud-order polynomial, 
After the plug-in is calibrated, the calibration data is stored 
in the plug-in 's EEFROM so thai it stays with the plug-in. 
When the user selects a voltage sensitivity setting, the best 
attenuator and preamplifier settings are determined, and a 
correction table is built for each ADC path which translates 
ADC codes to input voltage using all of the linearity charac- 
terization data for the attenuator, preamplifier, and ADC path. 

The best -accuracy calibration is essentially this case; the 
calibrated plug-in stays in the mainframe slot in which it 
was calibrated. The accuracy of the calibrated combination 
of the plug-in and mainframe is better than the '■}% accuracy 
specification. As the plug-in is moved to other slots or other 
instruments, differences in terminations and small calibra- 
tion errors can add up to give a typical accuracy of 3%. 

Tile vertical calibration portion of the best accuracy calibra- 
tion is different from the plug-in calibration in the following 
respects: ( 1) an extra offset calibration is performed lo can- 
cel changes in mainframe offset as a function of sample rate, 
and (2) the calibration data is stored in the mainframe. Cali- 
bration errors do not acid up during the best-accuracy calil na- 
tion, since the important parameters are measured for the 
complete system. Therefore, the best -accuracy calibration 
achieves a 1% accuracy specification. 

Horizontal Calibration 

As mentioned previously, logic on the sampler IC controls 
the interleaving of the four paths on a hyhrid to obtain the 
basic sample rates of 2 GSa/s, 1 GSa/s, and 500 MSa/'s. Given 
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the tight tinting required to achieve our performance goals, 
this logic rnereij prt wides coarse control over the sampling 
interval. The sample dock fi »r each signal path on the acqui- 
sition hybrid has a variable delay control with a range of 60 
ps. The sampler clock timing calibration uses this control to 
adjust the sampling interval precisely. 

Since this is an oscilloscope, the obvious calibration method 
is to capture a high-speed signal (such as a fast edge) in 
equivalent tune, building up separate waveforms for each 
path or hybrid. The timing difference can easily be mea- 
sured and adjusted Unfortunately, the 30-ps Timing accuracy 
of the time base is not compatible with our subpicoseeond 
goals. To eliminate rime base effects, we arc required to 
make our skew measurements mi a single-shot basis, or 
effectively in the frequency domain 

one challenge in developing this calibration resulted from 
settling problems in the signal paths to the ADCs on the first 
prototype hybrids. This created a frequency dependent 
phase error in the system that needed to be ignored during 
calibration. To perform tins calibration for the mainframe, 
the mainframe outputs an 84-MHz square wave with edge 
.speeds of approximately 1.6 ns. The third harmonic of this 
signal is at 252 MHz. near the Nyquist rate for a single ADC 
path. This frequency was chosen because phase errors 
caused by incomplete settling of the signal path are nulled. 
An acquisition is performed and the phase of the third har- 
monic is determined Tor each path. The phase errors are 
calculated and used to adjust the variable delays. After a few 
measure-and-adjust iterations, the calibration is complete 

To achieve sample rates of 4 and 8 GSa/s, two or four acqui- 
sition hybrids are interleaved in time, each running at 2 
GSa/s. Each hybrid has a timing adjustment thai moves its 
sampling position with respect to a 100-MHz system refei 
ence clock. To interleave the hybrids in rime, the timing ad 
justnients must move the hybrids so that they are sampling 
.'■"'I or 125 ps apart. I ! n fortunately, as the timing control for 
a hybrid is moved, clock coupling also changes on the \-.\ 
brid. This forces us to recalibrate I he timing of the sampler 
clocks I'm the individual paths so that the four paths on each 
hybrid arc sampling at 500-p.s intervals. This timing calibra- 
tion works in an iterative manner to adjust the hybrids to 
sample 250 or 125 ps apart while adjusting the paths on each 
hybrid to sample in 500-ps intervals. 

To perform these calibrations, a special signal was designed 
into the HP 54721 A 4-(iSa/s plug-in and the HP 54722A 
8-GSa/s plug-in. This circuit outputs a narrow pulse at a 
152-MHz rate. The pulse is rich in harmonics, allowing the 
system to optimize the timing skew over a wide band of lie 
queneies. The calibration does tun rely on any specific rela 
tionship between different harmonics (phase or magnitude I, 
making the circuit simple to build in production quantities 

As for the sampler clock timing calibration, single-shot 
acquisitions are performed and the phase errors between 
pat lis or hybrids are evaluated and adjusted. Since the hy- 
brids have slightly different frequency responses (a "iic- 
degree difference in phase response at 1 (ill/, amounts to an 
effective lime skew of2.Hps!), the phase errors of all odd 
harmonies within the system bandwidth are measured and 
the rms error is used to adjust the system. 



Signal Preconditioning 

The creation of a digitizing ■ iscilloscope that displays a true 
representing n -ital being measured is a system de- 

sign task. The system has many elements oilier than the 
analog-to-digital convert er. and describing its behavior in 
simple ADC terms is incomplete We prefer to think of the 
signal recording system in terms of input signal precondi- 
tioning, recording, postconditioning, and display. _\s de- 
scribed in "Dither and Bits* on page 12. a perfect ADC gets 
the wrong answer a great deal of the time. It can be im- 
proved significant l> i»\ preconditioning the input by adding 
an apnea ipriate error signal before recording and then re- 
moving that error signal systematically upon playback. Con- 
sideration must be given to the \yq rion as well We 
cannot allow excessive signals above half the recording 
sample frequency to be present because they will be aliased 
down into the passband by the recording process and will 
trreparabrj contaminate the record. 

Dither Insertion 

In an interleaved ADC system there are ways of introducing 
dither without having to synthesize a high-frequency signal. 
As can be seen from Fig. 2. an offset error between two 
ADCs in an interleaved system produces a systematic error 
in the output whose frequency, phase, and amplitude are 
known if w-e know the value of the offset. "Dither and Bits" 
on page 42 describes the positive benefits of dither at half 
the sample frequency with a value of half an LSB and known 
phase. One simple method to generate I his dither signal is to 
lake advantage of the offset phenomenon be! ween two 
ADCs in a two-phase interleaved system by intentionally 
offsetting one converter by half an LSB from its partner. 
Because we know how we offset, we know from which 
ADC's record we must subtract half an LSB when we play 
the i en nil back. This is simple and very effective. 

In a four-phase system there are many permutations of off- 
set between the four ADCs that can be chosen. We have cho- 
sen each individual ADC's offset relative to its neighbors In 
produce as much energy as possible in the reject band i if 
our system, that is. above one-fourQi the sample rate. Since 
the error energy in an interleaved converter system is fixed 
by the fixed LSI; levels of the converters, maximizing the 
out-of-band energy will automatically minimize the in-band 
energy. Keeping in mind I hat the system includes dither ex- 
traction and low pass filtering In one-fourth the sampling 
frequency, this out-of-band energy will later be removed by 
I he digital signal processing. 

Anti-Aliasing Filtering 

What are the consequences of letting too much energy leak 

through above the Nyquist frequency" We are taught that 
this will introduce errors, bin what kind of errors? In an 
oscilloscope, these errors most often appear as inconsisten- 
cies in the recorded waveform. If we record the same signal 
over and over we do not get the same rise time or pulse 
width Of overshoot each time. Because repeatability of these 
types of measurements is so important in oscilloscopes, an 
effective anti-aliasing strategy is necessary for the designer. 
l-'rnm experience, we have found that achieving bandwidth 
beyond one-fourth the sampling frequency with repeatability 
in i he pulse parameter measurements is very difficult . The 
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Dither and Bits 



The fundamental problem with analog-to-digital converters is thai they have blind 
spots Where 7 Between the codes With a perfect ADC the analog signal can 
change by one part in two to the Nth (where H is the number of bits) without the 
output changing at all That's why there is such interest in the number ol bits 
Obviously, if the number ot bits is high enough the sparing between the code 
transitions will become so small that even thermal nnise cannot slip by withoul 
tripping a comparator Herein lies annther problem Most people nave no idea 

what thermal & mucfl less how to determine il it is a problem These are 

the people who like to lalk about their lourteen-bit multigigasample-per-second 
data acquisition system as if the fourteen bits were actual ly buying them some- 
thing Practically speaking, most broadband electronic channels are limited in 
dynamic range to about 50 dB- The limit on the high end is typically clipping of an 
amplifier or the hard limit imposed by the end of an ADC's range The limit on the 
low end is usually some form of thermal noise from all the resistors in the circuit 
and the resistive elements in the transistors 

To a designer of frequency-domain communication circuits and audio equipment 
50 dB sounds rather poor Why the limit? It has to do with bandwidth The 
amount of noise power in a Channel grows directly as bandwidth increases A 
one-gigahert;-bandwidth system might have ten times the noise power of a one- 
hundred-megahertz system, end one hundred thousand Hmes tha muse ul a ten- 
kilobeiu-bandwidlh audio system 

For reference, 50 dB is equivalent to the dynamic range of a perfect eight-bit ADC 
Why is the dynamic range of a "perfect" converter not infinite? It's ihuse blind spots 
In an output signal record the blind spots between the cade iransilions generate an 
error term that looks like random noise about 50 dB down Therefore, eight bits is 
pretty important, but mote than eight rarely does any good It becomes clear, then, 
why people get upset if you try to sell them a digital oscilloscope with an ADC 
that has less than eight bits. They can easily see that the quantization error of a 
six-bit or seven-bit oscilloscope is greater than the analog noise in their system, 
while at eight bits it becomes very difficult to tell quantization from analog noise. 

But when you're trying lo design the world's fastest ADC using flash converters, 
which require a doubling in complexity lor each bh, eight sounds like an awfully 
big number A designer knows diat you cannot deliver eight bits at state-of-the-art 
speed and tends to look for "magical algorithms" thai might give the performance 
of an eight-bit converter without requiring that one actually be designed 

Did you ever notice that most mathematical theorems only apply in the limit as 
something approaches an impractical bound? This is so with the Nyquist limn 
Yes, you can get a bandwidth equal to half the sample rate, if you record an infi- 
nitely long record. Since I cannot design infinitely long memories thai run at state- 
of-the-art speed any better than I can design an eight-hit ADC, this becomes a 
limitation on the Nyquist criterion that must be endured. But, in the case of a 
practical data acquisition system, these two limitatioos work together If I am 
willing to limit the bandwidth of my signal to, say, one fourth of the sample rate 



i solving ihe Nyquist criterion problem for short records) would this be ol benefit to 
me in solving the seven-versus-eight-bit problem' 

it turns out that the quantization noise (the noise thai results from the finite spacing 
between code transition levels] in a high-speed acquisition system when a suit- 
ably high-frequency signal is present is distributed fairly evenly between dc and 
half the sampling frequency, and it doesn't depend very much on the nature of the 
signal as long as the signal trips a lot of code transitions Well, since we have 
decided to limit bandwidth to one fourth of the sampling frequency anyway, why 
not filter qui Ihe noise that lies above one fourth of the sampling frequency (and 
beyond the signal bandwidth) With a digital low-pass filler In a perfect world we 
could pick up halt a bit because the noise power is halved. We might reasonably 
expect to produce a seven-plus-bit system from a seven-bit converter True eight- 
bit systems cannot deliver the theoretical 5D-dB dynamic range anyway, and rarely 
deliver dynamic range equivalent to seven and a half bits A seven-and-a-hall-bit 
system could be rompetmvi;. nsiiucirilly it il has four limes ihe sample rale of the 
nearest alternative. So, what's the catch? The catch is, this only works it the input 
signal is moving around tripping the code transitions and generating some noise 
la hirer mil, dial is, it doesn't wurk at dc. 

Whence dither Whai if we put in a known signal on topot the original input 
signal to be measured and than subtract it nut after we digitize 1 Then even a dc 
signal will trip the codes and generate noise. And furthermore, what if the signal 
that we put in is out-of-band labove one fourth of the sampling frequency)? Then 
the bandwidth liuiiLing filter would help remove it. Where in the stop band is the 
best place to put the dither signal' What is ihe best way to generate it' What is 
the best way to remove it? What about matched filters? What about adaptive 
filters? We could study this subject for years, and we have. The result is the HP 
5477.U/10 oscilloscope, an eight-bit system from seven-bit pails The real dither 
signal we use and how we get rid of it is proprietary, but I will describe in some 
detai one primitive form of dither 

Fig. 1 illustrates the concept in as simple a form as I know Each lick on the vertical 
axis represents a code transition level, and the spacing hetween them represents 
the size of a seven-bit code. An input signal that stays between two code transi- 
tion levels will produce a constant ADC output code. The top trace represents a 
slowly changing input signal, while the second trace represents the output Df a 
conventional seven-bit ADC (Each trace has been offset in this figure from the 
previous trace just to make the figure clearer J Note that each time the input trace 
ciosses a code transition level the output of the normal ADC changes states to a 
new code. 

Now suppose we add, to the input, a signal that changes between minus one 
quarter of a code width and plus one quarter of a code width on every other sam- 
ple. This will cause the ADC output to change when the input is within a quarter 
of a code width of the transition level. The third trace represents this signal 



one-fourth number is a compromise Dial seems lo produce 
acceptable results for most users. There is an advantage to 
the one-fourth number in thai the roll-off characteristics of 
i lie analog anti-aliasing filter we use for preprocessing does 
not have to be severefc Steep; This helps minimize the Step 
response overshoot of the oscilloscope. Our design method 
for analog anti-aliasing filters is one of setting the bandn tdth 
of the appropriate plug-in for its intended sample rate. We 
use an approximation lo the maximally flat amplitude re- 
sponse of a second-order system wiih several extra poles in 
the response well above the two primary pules. This pro- 
duces a system with a lew percent overshoot, i 'outran, lo 
popular belief, a smooth response with no overshoot does 
not produce the most accurate measurements of lime-domain 
signals. Additionally, since we are limiting bandwidth lo one- 
fourth the sample rate, the postprocessing digital fillers 



provide additional anti-aliasing. How effective are these 
techniques in achieving repeatability? The article "I'ulse 
Parameter Accuracy" on page 47 goes into this subject in 
detail, outlining several measurements of performance. 

Linearity Correction 

After the user changes a hardware setting, such as voltage 
sensitivity, the microprocessor must perform a multitude of 

tasks before acquiring data. Many of these tasks involve 
using the calibration factors to adjust DACs. One task uses 
the linearity characterization data from calibration to build 
ADC code correction tables. The calibration process creates 
equations and tables that describe the transfer curve trf every 
pan ol" I he system: the probe, the plug-in. ami the individual 
ADC signal pal lis. A table is built for each ADC path that 
inverts any distortions between the probe tip and the ADC. 
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Fig. 1. Careful use of dither can double the 
resolution of an ADC by moving the error 
power out ol the eas stand ol the system 
where it can be removed by a matched filter 



Digitizing this new signal witti a seven-bit converter produces the fourth trace. As 
lung as the new input signal is completely bounded between two transition levels 
there is no change in the ootput, but when the signal is bouncing back and forth 
above and below a transition level, the output of the ADC bounces back and forth 
between two codes. Alternating neighborhoods of quiet and storm are produced. 

Since we have prior knowledge of the diliier cornponenl of the input signal, we 
can subtract a digital number representing this signal fmm the recorded ADC 
output The result is the fifth trace. The amplitude of the bouncing codes has been 
reduced in the stormy neighborhoods because the subtraction process is out of 
phase in these areas, but a small storm has been added to the quiet neighbor- 
hoods This signal looks, in the frequency domain, like suppressed carrier modula- 
tion ahoul a carrier frequency equal to one half of the sample frequency, that is. 
the energy is above-band 

A simple filter matched to this dither is a two-point finite impulse response low- 
pass digital fillet that just averages each sample with its neighbor This filter rolls 
off gradually and has a three riB bandwidth nt onn fourth of the sampling frequency. 
The nutput nf such a filter is the bottom trace 

This now looks like an eight-bii converter. We speculated that if we simply filtered 
out the random noise above one fourth of the sample frequency we could pick up 



half a hit This system seems to pick up a whole bit and all we did was add a 
simple signal and then subtract and low-pass filter In practice this method will 
nut recover a whole hit because the real ADC does not have uniform code widths, 
the dither signal cannot he so well-controlled, and there is analog noise in the 
system. Real systems employ more complex dither signals whose spectra are 
spread across the reject band and have adaptive filters matched to these spectra 
The result when applied in the HP 54720/10 is preservation of the hill desired 
signal bandwidth of one fourth of the sample frequency while delivering seven 
and a half effective bits at low frequencies and well above six bits at the specified 
bandwidth. 

Careful use of dither can double the resolution of an ADC. By allowing a slowly 
changing signal to break up the pattern of the ADC's code regularity at a high 
frequency, the error power is moved out nf the passhand of the system where it 
can be removed by a matched filter. 

Kenneth Rush 
Engineer/Scientist 
Colorado Springs Division 



The correction tables are physically located on the acquisi- 
tion board. Ah (he microprocessor reads data out of the 
acquisition hybrids, the data passes through the appropriate 
"lookthruugh" table in a pipelined fashion. 

Intersymbol Interference Correction 

After we had a prototype system working and fully calibrated, 
a disturbing problem remained. Differences in frequency 
response among the four A I pi paths created a nonlinear 
behavior; the response of the system depended upon the 
phase of the four signal paths with respeel to the input sig- 
nal. Even though thv problem was on the order of 1%, ii had 
to be fixed The problem was traced to two sources: inter- 
symbol interference and path-to-path coupling. Intersymbol 
interference is ihe result of one sample (symbol) interfering 
wilh another sample by failing to settle. If a system has 1% 
intersymbol interference, it means thai the- input to the ADC 



is the sunt of the current signal sample plus 1% of the pre- 
vious sample, plus 0.01% of the second sample before, and 
so on. Path-to-path coupling results when a sample from one 
signal path couples into the sample of another signal path. 
Differences in layout anil tinting (such as 500-ps skews at 2 
(JSa/s) create unique errors in each path and thus a different 
frequency response for each signal pat h, 

A tedious characterization process was developed to study 
I fie problem further. The process brought two important 
facts to light: (1) the errors are consistent from hybrid to 
hybrid and (2) a digital FIR (finite impulse response) filter 
can correct the errors. Since the response of each path is 
different, a unique filter is required Tor each path. Also, since 
Die path-to-palh coupling depends nn Ihe timing skew and 
Dims Die sample rule, separate fillers were developed for 
each sample rate (500 MSa/s through 2 GSa/s). These niters 
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look at data for the path that they arc correcting (intersym- 
bol interference correction ) as well as data rr(jni adjacent 
paths i path lo path coupling conreetkHl), 

Dither Extraction 

There are two parts to dither extraction. The first part is to 
subtract the dither signal from the data. This step is done 
during calibration of the ADC linearity and is merely a mat- 
ter of interpreting the ADC codes correctly. An ADC does 
not output volts (e.g., 23 mVJ, but codes. If code 14 is inter- 
preted as 23 mV without dither, then in the presence of 
dither it might be interpreted as 22.75 mV for one ADC and 
23.25 mV for another. Adding dither to the input of the ADC 
has the same effect as lowering the thresholds of the ADC 
and thus lowering the value, in volts, of the ADC's codes. 
Note that at this point in the processing, no resolution 
improvement has been made to the data. 

The second part of the dither extraction is to remove the 
residual frequency components in the data. An adaptive fil- 
ter acts on the data and removes high-frequency noise com- 
ponents. As a result of the dithering process, the lower the 
input frequency, the more high-frequency noise there is to 
remove. As more noise is removed, the signal-to-noise ratio 
improves and the system resolution improves! The resolu- 
tion improvement of this technique depends upon the sys- 
tem noise levels, the dither technique, and the adaptive filter 
design. The diiher-and-extract techniques in the HP 54720/10 
improve the noise level by approximately 0.9 effective bit. at 
low frequencies. At 2 GSa/s this improvement begins to drop 
off at 30 MHz and loses its effect significantly by 80 MHz. 
These results are for full-scale inputs; smaller inputs extend 
the improvement to higher bandwidths. 

Waveform Reconstruction 

Interpolation (waveform reconstruction) is the process of 
filling in missing data between actual samples of data. In an 
oscilloscope this is a necessary feature for two main rea- 
sons. At high sweep speeds, only a few samples of the signal 
can be on screen. The waveform must be reconstructed to 
give the user a reasonable view of the signal. Also, for many 
measurements it is necessary to know at what time the sig- 
nal crossed a threshold, such as the 50% point on an edge. 
The system will almost never sample on the t hreshold that 
the measurement requires, so inteipolation is necessary. The 
accuracy and repeatability of measurements are directly 
related to the quality of the waveform reconstruction. The 
interpolation filter is designed to optimize the frequency- 
domain and time-domain responses for a wide variety of 
signals. The bandwidth of fg/4 (f s is the sampling frequency) 
is required for consistent waveform reconstruction; it re- 
jects interpolation "images" and provides some protection 
from aliasing (see "Filter Design for Interpolation," page 45). 

Another benefit of this filter is that it removes some of the 
high-frequency noise in the system. At 2 GSa/s, the noise 
bandwidth of the filler is 740 MHz. It removes one fourth of 
the noise power from the system, which is an improvement 
of 0.2 effective bit. In practice, the improvement is not this 
large, since the adaptive filter that removes dither also 
removes much of this high-frequency noise. 

The reconstruction algorithm in the instrument must work 
weE for a wide variety of signals, hut the user always has 



Hie ability to push the bandwidth closer to the Nyquist rate 
ur in perform special-purpose filtering internally via IBASIC 
routines or externally by transferring date over the HP-IB or 
on a flexible disk. 

Bandwidth Limit Filter 

When the acquisition hybrid is sampling at 500 MSa/s, all 
four ADCs are sampling and digitizing the input signal in 
phase. Since the thresholds of the four converters are offset 
in voltage in 1/4-LSB increments, the system is essentially a 
0-bit converter operating at 500 MSa/s if all of the data is 
saved. The logic on the acquisition hybrid is capable of sav- 
ing all of this data, and this mode is in fact always used for 
equivalent time sampling where digital signal processing 
techniques are difficult to implement. We deliberately chose 
not to support, this mode for real-time sampling, but instead 
provide a bandwidth limiting filter as a better solution for 
real-time acquisitions. 

Increasing performance by one effective bit requires reduc- 
tion of the system noise power by a factor of four. System 
noise levels prevent high-bandwidth flash ADCs from pro- 
viding ideal performance without additional signal process- 
ing; accuracy and speed are at odds in such a system. 
High-bandwidth It" processes have a very limited range of 
operating voltages. Furthermore, large components are re- 
quired to achieve accurate and repeatable values. As compo- 
nents are made larger, parasitic capacitance increases and 
I he bandwidth is degraded. As a result, static errors such as 
resistor and V^. mismatches cut significantly into the accu- 
racy of an ADC, even at the 7-bit level. As the target number 
of bits increases, resolution improving techniques such as 
dithering lose their effectiveness because the dither is 
washed out by the system noise. 

With this in mind, it is not. surprising that the "9-bit" mode just 
described improves the system performance by only one ef- 
fective bit, even though it is technically a 9-bit ADC system. 
With an f/4 bandwidth after interpolation, the system band- 
width in 9-bit mode is limited to 125 MHz, with a Nyquist 
rate of 250 MHz. Furthermore, the memory depth is limited 
to 16K samples, or 32 us, since four memory positions are 
used to store the Tour data values obtained for each sample. 

if the system continues to sample at 2 GSa/s and a low-pass 
filter is applied, the effective bits are improved as the high- 
frequency noise is eliminated. An improvement of one effec- 
tive bit requires that 3/4 of the noise power be removed, or 
that tiie filter have a noise bandwidth of !J8 or less. A filter 
with a bandwidth of fg/10 (200 MHz) can easily achieve this 
goal with good signal fidelity. The important specifications 
for this system are; an improvement of one effective bit, a 
system bandwidth of 200 MHz, a Nyquist rate of 1 GHz, and 
a memory depth of 64K samples, or 32 us. For a given im- 
provement in effective bits, this approach is superior to the 
9-bit mode for three reasons. First, the system bandwidth is 
higher by 60%. Second, aliasing problems are \irtually elimi- 
nated since the Nyquist rate is five times higher than the 
bandwidth for the low-pass filter case, but only two times 
higher for the 9-bit mode. This significantly eases the design 
requirements of any anti-aliasing filter that might be required. 
Finally, the bandwidth limiting filter removes high-frequency 
noise contained in the user's signals, improving the signal-to- 
noise ratio further. 
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Filter Design for Interpolation 



The interpolation process has some effects that are closely related to aliasing. 
Both types of effects are a result of mapping r a conunuous 

signal to The i plane for 3 discrete time signal The basic problem is tnat mathe- 
matically there are a- - " nappings between the s domain and the 
z Domain. Aliasing occurs when an incorrect mapping is used to intetpret the 

r Lime data For an oscilloscope, the mapping that is used assumes that the 
frequency content of the signal is between dc B , st rate. Any s . 

with significant frequency content outside of this range will have distortion when 
-terpreted 

Interpolation is a process that attempts to transform discrete time data into con- 
tinuous time data. Realistically, the process maps from one z plane to another. 
with a temporary stop in the s plane. When this transformation occurs, all possible 
mappings of the data are used The results are low-pass filtered to preserve only 
the frequency content between dc and the original Nyquist rate. 

Given these assumptions, the classic "brick wall" or rectangular-response RhSl 
will do a perfect job of rebuilding the waveform Normalizing to a sample rate of 
1 Sa/s, this ideal interpolation filter has an impulse response given by equation 1 



v., 



sin [rrtl 
jrt 



smc(t). 
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It has a perfectly fiat passband from dc to the Nyquist frequency, then crashes to 
zero across an infinitesimally small transition band, and has zero transmission 
throughout the stop band This filter is infinite in extent and requires that an infi- 
nite amount of data be available for processing Any filter that is not infinite in 
extent cannot have a perfectly flat passband, a zero-width transition band, or a 
zero-transmission stop band Trade-offs must be made to create a usable filter. 

Fourier analysis indicates that if all of the frequency components above any given 
frequency are removed from a perfect step, the response will ring on both sides of 
the step, with a maximum perturbation of 9% (Gibbs phenomenon) As more fre- 
quency components are included, the frequency of the ringing increases, but the 
amount of overshoot remains at 9%. Similarly, the frequency response of a brick 
wall filter shows the Gibbs phenomenon as the impulse response is truncated in 
time to make a usable filter, Since passband ringing of this nature is unacceptable 
far an oscilloscope, it is clear that a filter based on a truncated sine function is 
also unacceptable. 

Given the problems with implementing a sine-based filter, what advantage is there 
that makes it worthwhile? The only benefit is that it does not modify the original 
data points under any circumstances. The characteristic of a sine-based filter that 
provides this benefit is seen in the impulse response, where sincIO] = 1 and smcln) 
= for all integer values of n not equal tn 0. When filtering an actual data value, 
this has the effect of weighting the current sample by 1 and all other samples by 
0, that is, the output is equal to the input. All that is necessary to preserve the 
original samples is to mimic the behavior of sinclx] whenever x is an integer 

Assume that an adequate filter has been created that has a reasonable response 
in the passband and does not modify the original samples. If a sine wave at the 
Nyquist rate is fed into such a filter, the interpolated output must be a clean sine 
wave at the Nyquist rate with no change in gain. Any other output would have 
significant distortion or would require the original samples to be modified. The 
point is that a signal at the Nyquist rate is not attenuated and the passband 
extends to the Nyquist rate. 

To eliminate the ringing in the frequency response, the transition region of this 
filter must be gradual relative to a brick wall filter. Since the passband extends to 
the Nyquist rate, the soonest that the transition band of the interpolation filter can 
begin is at the original Nyquist rate This delays the beginning of the stop band, 



-g large interpolation errors for signals around the Nyquist rate For exam- 

.5 system is 1 GHz If a 900-MHz sine wave is 
digitized, the sampling process creates an ider' : ' 1 100 MH? that must 

be filtered out For filtering purposes. 1 100 Ml - octave from the 

1-GHz Nyquist rate If the interpolation filter has a transition region that r 
at 42 dS per octave and the filter response changes sharply from dB per octave 
to -42 0*8 per octave at 1 GHz. then the 1 1 DQ-MHz image will he attenuated by 
less than 6 dB 1 The reconstructed waveform shows an tlQO-MHz sine wave 
added to the original 900-MHz sine wave, and the 1100-MHz signal is 51% as 
large as the 900-MHz signal. The 1 100-MHz signal will cause distortion of the 
900-MHz sine wave that repeats every 1 1 cycles, demonstrating that the system 
dees not have a consistent response to the input; it is a time-variant system 
Obviously this is undesired behavior for an oscilloscope and demonstrates two 
points The first is that the reconstruction filter must be allowed to move the 
original samples because the passband cannot extend to the Nyquist rate The 
second is that the filter must strongly reject all sampling images, implying that the 
filter attenuation must be adequate to do so at the iMyquist rate. This, plus the 
desire to have a gradual transition region, pushes the top edge of the passband 
well below the original Nyquist rate. The only alternative is to guarantee that the 
input signal does not have significant frequency content near the Nyquist rate, either 
by the nature of the signal (not acceptable for an oscilloscope) or by providing an 
anti-aliasing filter thai has significant attenuation at and beyond the Nyquist rate. 

There is a continuum of possible filters for waveform reconstruction. On one end is 
the Gaussian filter, which has the fastest rise time and settling time without 
overshoot. Although this filter is ideally infinite in extent, it can he realistically 
implemented with only one major drawback, a law bandwidth is required to 
achieve the desired image rejection. The brick wall, or sine filter just discussed is 
at the other end of the spectrum. The reconstruction filter used in the HP 54720A 
oscilloscope is somewhere between these two extremes It is designed to opti 
mize the system response in both the time and frequency domains. Our experience 
shows that excellent results are obtained for a wide variety of signals by limiting 
the system bandwidth to fj/4 (f s = sample rate(. 

An additional benefit of an fj/4 bandwidth is that the interpolation filter eases the 
requirements on the anti-aliasing filter (preamplifier]. The frequency response of 
the interpolation filter relative to the signal input gets reflected about the Nyquist 
rate. At 2 GSa/s. assume that the filter has a 3-rJB bandwidth of 500 MHz and is 
down 20 dB at 800 MHz If the input signal is a 40D-MHz square wave, then the 
sampling process will alias the third harmonic at 1200 MHz to BOO MHz The 
digital filter can't distinguish the alias from a real signal at BOO MHz, sd it will 
attenuate the image by 20 dB. Thus, the requirements on the ami -aliasing filter ai 
1200 MHz have been relaxed by 20 dB 

The interpolation algorithm should not only fill inawavefoim, but provide a con- 
sistent [time-invariant) and linear tesponse to the input. This requires the system 
bandwidth to be significantly less than the Nyquist rate. II a signal contains 
significant frequency content above f s /4, then the fj/4 system bandwidth provides 
the user with a display that is stable and consistent with the system bandwidth 
Allowing the interpolation filter to modify the original samples is no different from 
allowing an anti-aliasing filter (which might be the preamplifier in a plug-mi to 
modify the analog signal before it is digitized. It is no different from allowing the 
amplifier chain of an analog oscilloscope to modify the signal before displaying It 
In all of these systems, the signal is significantly modified only at frequencies near 
and above the system bandwidth 

Allen Montijo 
Design Engineer 
Colorado Springs Division 
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The bandwidth limiting filter in the IIP 54720 oscilloscope 
has a Gaussian response and a 3-dB bandwidth of ff/20, or 
100 MHz at 2 GSa/s. It is capable of improving the effective 
bits of the acquisition hybrid by 1.6 at dc and 1.1 at full 
bandwidth. At 4 GSa/s and 8 GSa/s the 3-dB bandwidth 
increases to 200 MHz and 400 MHz, respectively. 

Conclusions 

A data acquisition system does not consist merely of a few 
pieces of hardware chained together. The overall perfor- 
mance of the HP 54720 system is the result of the synergistic 
behavior of calibration, signal preconditioning, and data 
postprocessing. Calibration maximizes system accuracy and 
minimizes system noise by correcting gain, offset, linearity, 
and liming errors. Signal preconditioning minimizes aliasing 
effects by limiting the system bandwidth to one fourth of the 
sample rale. Finally, data posfproeessingaeeurstelj recon- 
structs the continuous signal from the discrete samples, and 
optionally provides improved resolution for low-band width 
signals ( < sample rate/20). The dithering process combines 
these three lecluiiques to further improve resolution for 
low-slew-rate signals. 



IC processing technology places a very real limit on the use- 
ful number of quantization levels for a high-speed ADC; re- 
stricted operating voltages and component mismatches are 
significant, even for a 7-bit ADC. A carefully constructed 
dither signal, combined with digital signal processing, can 
improve system accuracy beyond the capability of the IC 
technology. 
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A Study of Pulse Parameter Accuracy 
in Real-Time Digitizing Oscilloscope 
Me asur ements 



Using the well-characterized 50-GHz HP 541 24T oscilloscope as 3 
standard, HP 54720A oscilloscope errors were measured for single-shot 
step rise time, pulse width, and pulse height measurements. The results 
suggest that the errors have systematic or bias components that may be 
characterizable and correctable. 

by Kenneth Rush 



With the availability of the HP 54124T 50-GHz bandwidth 
oscilloscope and fundamental knowledge of its impulse re- 
sponse 1 comes a new era in time-domain metrology. Finally 
it is possible to know what a pulse signal looks like with 
enough precision to let that pulse signal become a transfer 
standard. In fact, many pulse signals can be characterized, 
making it possible to evaluate new real-time oscilloscopes 
based on the quality of their measurements. This paper de- 
scribes a study that illustrates the power of knowing the 
"truth" about a time-domain instrument's response. 

The Study 

Eight steplike signal sources with rise times ranging from 
less than one nanosecond to greater than ten nanoseconds 
and eight pulse-like signal sources ranging in width from 
less than one nanosecond to greater than ten nanoseconds 
were constmclerl and measured by an HP 54124T oscillo- 
scope and by an HP 54720A oscilloscope. These sources 
were Gaussian hi basic shape, meaning that they smoothly 
moved from one stale to the other with little overshoot and 
no abrupt changes in slope. The HP 54720A sampled the 
signals at. 4 GSa/s and delivered a real-time bandwidth in 
excess of 1 GHz. Step rise times, impulse widths, and im- 
pulse heights were recorded. Prior characterization and cah- 
bralion of the HP 5-112 IT led us to believe that it would con- 
tribute less than 0.2% error hi any of the measurements. All 
measurements were made using waveform averaging on the 
HP 54124T with the averages set to 256, Ail measurements 
made on the HP 54720A were made in the real-time mode 
with multiple records laken. The pulse parameter measure- 
ments were recorded for each record before the oscillo- 
scope was armed Tor another single-shot acquisition. The 
pulse parameter measurements were evaluated for mean 
and standard deviation over the many different single-shot 
records. Over 1000 individual records were examined for 
each pulse parameter data point. Since the bandwidth of the 
HP 54720A is limited In about 1.2 GHz, it is expected to dis- 
play fast signals as if they were slower than they really are. 
For the fast impulses, pulse height is expected to appear 
lower i Itan realHy. 
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Rise Time 

In any high-sample-rate real-lime recording device there will 
be significanl noise and error because of impelled anti- 
aliasing fillers, loss of analog bandwidth because of the anti- 
aliasing filters, imperfect ADC quantizer alignmenl in lime 
or amplitude, analog noise in the channel electronics, and 
other causes. The HP 54720A is no exception. Fig. 1 shows 
the rise time error of the HP 54720A measured in this test 
Loss of bandwidth because of the anti-aliasing filters adds a 
bias to the rise time measurements. This error shows up as 
increasing mean error (average of many single measure- 
ments) as the input signal rise lime becomes faster. The vari- 
alion in observed use lime alsu increases wiih faster signals 
because of spectral leakage between different quantizers in 
the interleaved ADC structure. Before the HP 54124T the 
amount of error was unknown for faster ADC systems be- 
cause there was no "known" pulse to measure. But now, we 
not only know the truth about our fast acquisition systems. 
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True Rise Time i, c (us) 

Fig. 2. H1 J 54720A bias-corrected rise rime error at 4 GSa/& Rise 

lime measurement bias in the HP 54720A can be greatly reduced by 
Correcting the readings for gain and offset. (L n - is Uie true rise Lime 
as asured by the HP 64124T.) 

we can also entertain analysis to correct errors. The bias in 
the mean rise time error of the HP 54720A can be corrected 
through a simple equation: 

t rt; =1.0031™- 45 ps, (1) 

where t ri . is the corrected rise time and t nn is the measmed 
rise lime (see Fig. 2). In this case a gain correction of 0.3% 
and an offset correction of 45 ps are sufficient to bring the 
mean rise time error within one half of one percent for all 
steplike signals tested in this study. The bias is almost com- 
pletely removed, and while the random errors are not re- 
moved, their effect is minimized by making them symmetric 
about zero. In this case a do single-shot error of about 12% 
for a 0.8-ns signal has been reduced to about 7%. 

Pulse Width 

Measurements of several Gaussian pulses of various widths 
on the HP 54720A show similar bias and variation (Fig. 3), 
with less error for wider pulses and an abrupt increase in 
error as the pidses go below one nanosecond. The flatter 
response in the pulse width data indicates that the HP 
54720A tends to maintain higher accuracy for narrow pulse 
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Fig. 3. HP 54720A single-shot impulse width measurement error al 
4 GSa/s. Measurements of narrow Gaussian pulse widths m an HP 

' i ! 7:: 1 1 \ si i' iv, . 1 1 tip and an abrupt increase in error below one nano- 
second. (U- c is the true pulse width as measured by an HP 54124T.) 
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Fig. 4. BP 54720A tsas-correi'ted impulse width error at 4 GSa/s. 
Bias correction equations using exponential term* «-hh nirnri the 
HP 5472QAB Gaussian pulse mean measurement accuracy to better 

l han 0.5% and 3o accuracy to better than 4% for most pulses. 

widths than for quick step rise times. This tendency for 
pulse width errors to be less than rise time errors was ob- 
served by Braving 2 in 1991 in an idealized simulation study 
of time-domain measurements. He showed that maintaining 
a flat passbancl response was beneficial to the accuracy of 
time-domain measurements. It may be that maintaining a 
fiat passband response is more advantageous For pulse mea- 
surements than for rise time measurements. Again, the bias 
in the data can be reduced by an equation: 



t wc = 1.0048t WTO - 48 ps + (0.18 ns)e 



-iWTOps 



(15 ns)e 



-iwn/iaOpa 



(2.) 



where t W( . is the corrected pulse width and t^,, is the mea- 
sured pulse width. Equation 2 is not as simple as equation 1. 
Exponential terms are required to correct the slope rever- 
sals and the abrupt rise for narrow pulses. With such ex- 
treme exponential corrections, obtaining smooth data for 
narrow pulses is difficult, indicating that from a confidence 
standpoint, corrected measurements for pulse widths below 
one nanosecond should be used with caution. Setting the 
coefficients of the exponential terms to zero leaves a 0.48% 
gain correction and a 48-ps offset correction. These terms 
alone put most of the mean errors below 0.5% for wide 
pulses, but there is a 1% dip at 1 ns and larger errors for 
even narrower pulses. With the full exponential corrections 
(Fig. 4), bias errors are reduced to less than 0.5% while mak- 
ing the random errors symmetric about zero, and 3o errors 
as high as 15% are reduced to about 4.5%. 

It is our hope that if these results are confirmed to be re- 
peatable on many instruments, perhaps the correction equa- 
tions can be invoked automatically by the oscilloscope's 
computer system before it reports the numbers. This is not 
done now. 

Conventional Wisdom 

An observation is in order here. Noting that for both Gaussian 
step and pulse signals the uncorrected errors increase rapidly 
below one nanosecond, and that correcting errors in that 
range is difficult and requires exponential terms, one might 
question the wisdom of using a one-gigahertz bandwidth 
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Fig. 5. HP 54720A pulse height measurement error at 4 GSa/s. 

Gaussian puise I might, errors show a peak ai 2 its before falling 
abruptly below 1 ns. 

oscilloscope to measure signals below one nanosecond. This 
reinforces the old rule of thumb that your oscilloscope should 
have about three times the bandwidth of the signals to be 
measured. A one-nanosecond rise time step signal has a 
bandwidth of about 350 MHz, using the relation BW = 0.35/1 r 
Therefore, an oscilloscope with a bandwidth about three 
limes that (1 GHz) would be expected to produce "reason- 
able" accuracy in a rise time measurement. Until now, "rea- 
sonable" has been defined by another rule of thumb based 
on a root-sum-square notion of how signals and oscilloscope 
responses convolve: 



[2 2 

tr combined — J^r signal + t-r nsdtlofX'opc • 



(3) 



This is based on tlic assumption I hat both I be signal and the 
oscilloscope have Gaussian responses, which is rarely the 
case. It also predicts a rapid increase in error as the signal 
rise time approaches the oscilloscope rise time. This rule 
has not proven to be a reliable assumption to use in remov- 
ing bias from measurement data because it introduces its 
own bias through incomplete knowledge of the oscilloscope 
response. Draving's work 2 has brought into question die old 
assumption that an oscilloscope's response should be Gaus- 
sian or should have little overshoot anyway. While the Gaus- 
sian response would seem to have the fastest settling time 
for arbitrarily fast input signals it does not track a signal 
well whose speed is within the bandwidth of the oscillo- 
scope (say 3:1 below). For signals that fall well within the 
bandwidth of the oscilloscope, flatness in I he oscilloscope's 
frequency response passband is more critical. It is a little- 
known fact that Gaussian responses are achieved by gradu- 
ally rolling off the oscilloscope's response below the 3-dB 
bandwidth. HP has designed its digitizing oscilloscopes to 
have flatter passband responses, striving for more accurate 
pulse parameter measurements instead of low overshoot in 
the step response. 

Pulse Height 

Single-shot pulse height measurement accuracy of the HP 
54720A was also evaluated in this study. Like the pulse 
width measurements, the pulse height error plot shows 
slope reversals with a peak at 2 ns before going down below 
one nanosecond (Fig. 5). The peak indicates that the HP 
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Fig, 6, HP 5472QA bfas-conecta 1 1 utae height error ai 4 GSa/s. Bias 
tions for Gaussian i ul ■■ unplftude measurements reduce the 

HP ."VI 72i i Vs bin:- l '• lf-ss i ban 0.5% for most of the range and to less 
thai 1 0.1% for «'i'l''r pulses 

54720A tends to overestimate the amplitude of pulses in the 
neighborhood of 2 ns while underestimating only when the 
pulses go below one nanosecond. The measurement bias 
and variation from one single-shot measurement to the next 
are less in percentage points than for the timing measure- 
ments. The bias correction equation in this case uses two 
exponential terms as well: 



Ac = A m (0.997 - 0.04c " 



,3 ns + 2 ip-l-wm/lSfipsj »£, 



where A,, is the corrected amplitude, A nl is the measured 
amplitude, and t^™ is the measured pulse width. A 0.3% cor- 
rection in gain is all that is needed for wider pulses, indicat- 
ing the excellent low-frequency accuracy of the HP 54720A. 
The equation ret lines the bias to less than 0.5% and the max- 
imum 'Aq error from 7% to 2.,S% (Fig. 6). Again, the correction 
is a bit ragged at the narrow pulse end, emphasizing again 
that we are pushing things a bit to require precision mea- 
surements on signals faster than one nanosecond from a 
ozie-gigahertz bandwidth oscilloscope. 

lit tint sited Business 

In any study of this kind it seems that there are as many new 

qitesl - ti-sked as Hiiti arc old questions answered While 

these results indicate that we may be able to correct for some 
errors in future oscilloscopes, do these corrections apply to 
other signal types, that is. does it work if the signal has over- 
shoot? Are the oscilloscopes coming off the nianufact uring 
line uniform enough thai universal corrections can be made, 
or do we have to team the response of each oscilloscope to 
i:u h lype or signal at each temperature? Lest we get too 
discouraged over all of these unknowns, let us remember 
that before now, we didn't even know how r accurate a single 
measurement was. Yet now we have two different kinds of 
oscilloscopes agreeing mi pulse parameter measurements to 
better than 0.5% at least for 3-to-lO-ns signals. And we have 
cause to believe that one of those oscilloscopes is accurate 
within 0.2% for much fast er signals. 

If you find this subject interesting, then study it. Make some 
measurements. Report them in the journal of your choice. 
Time-domain measurements and standards have some 
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ran -I ling up to do. and it is a l>ig job, bigger than one person 
or even one organization. Talk to your peers. Teach what 
you tiave learned. It is a quest, worthy of your time. 

Ackno wle d gme nts 

Many have contributed to the growing knowledge base 
surrounding the HP 51120 family of" digital sampling oscillo- 
scopes, without which this study would have been in vain. 
Dave Long did the first, signal analysis back before we un- 
derstood much. Steve Draving carried the analysis to a CC in- 
clusion in grand style through his unique combination of 
computer skill and measurement expertise. John Kerley 
added insight into the whole sampling process through his 



Spice modeling. But Jan Verspeehl has carried mathematics, 
measurement, science and data reduction to a new level with 
his discovery of many new error measurement and correction 
methods. I will always remember trie all-night arguments 
over network reciprocity. 
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Architectural Design for a Modular 
Oscilloscope System 

Optimum allocation of tasks to various software and hardware 

subsystems, a separate display processor, multiple lookthrough tables, 
flicker reduction techniques, and other design features support the 
performance of the HP 54720/10 oscilloscope and establish it as a 
platform for the future. 

by Dana L. Johnson and Christopher J. Magnuson 



Our vision for the new IIP 54720/10 high-performance digi- 
tizing oscilloscope family was lo design a new mainframe 
platform I hat would be both modular and easily upgradable 
;mil would provide uiieoiuproniised measurement perfor- 
mance. Modularity is an important, concept that takes on 
two meanings. From the customer's standpoint, modularity 
means being able to select the right signal conditioning and 
measurement capabilities to solve a measurement problem. 
In the high -performance oscilloscope market especially, it is 
necessary to offer a configurable system to cover the wide 
range of measurement needs adequately. To us, as designers, 
modularity implies reusability and leads to economies in (lie 
development process. Therefore, modularity enables us to 
be more responsive to customer tieeds and competitive 
pressures. I'pgradabilily is essential because over time a 
customer's needs change, and SO do our capabilities By de- 
signing l In' iiislninienl in hi' easily upgraded, we protect I he 
customer's investment, the instrument wont become obso- 
lete. Instead, we can keep il current and useful and thereby 
reduce the customers "cost of solution." 

The measurement performance ot the IIP 64720/10 acquisi- 
tion system is the cornerstone ol'the product. Every element 
of the mainframe design needed to be executed wilh an 
awareness of how it impacted measurement performance. 
This applied throughout the instrument's design from the cali- 
bration mid control of the acquisition system In the analysis 
and display of signals. We needed lo balance Hie broader 

requirements of the platform design with the specific needs 

Of the instrument. 

System Partitioning 

Although Hewlett-Packard has been designing modular in- 
struments for many years, we in the oscilloscope product 
development laboratory had not been building a modular 
produrt since the venerable HP 180 family. Therefore, we 
needed to establish a current view of how modularity was 
important to our customers. We reviewed our previous prod- 
uct experiences and studied carefully the successes and 
limitations of our competitors' offerings. These observations 
led us to develop a multitiered approach to modularity that 
influenced much of the products design. 

The context, of the design was familiar. The oscilloscope 
observes input signals, and in response to the user's requests 
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Fig. l. Oscilloscope design context 

it produces either data or images describing these inputs 

i-'ij ! i. The oscilloscope's task can he decomposed intoQie 
four successive actions of signal condit ion i ng, acqu isit in 1 1 . 
analysis, and display. These four processes form the essen- 
tial model of the oscilloscope and identify the principal 
partitions (Fig. 2). The flow of dala through these processes 
is the instrument's signal pal li. 

Signal conditioning is provided by the probe and plug-in 
opt ions. These allow the user lo make band w i< Il h, sa i nple 
rate, memory depth, mid feature trade-offs as needed. This 
modularity required that we implement run-time binding of 
I he capability and control sets for the probes and plug-ins. 

The mainframe can be configured al Ihe factory with differ- 
ent acquisition systems by installing different cards in the 
interna! cardeage. The Acquire Channel Signals process is a 
combination of this eardsot and a corresponding software 
driver. Simple differences in acquisition, such as between 
the 111* h47j!(l and the HP 54710. can also lie handled via run- 
time binding. However, future systems may require installing 
a different acquisition driver altogether In either case, tin- 
goal of the driver is to encapsulate the acquisition system 
and normalize its interface with the rest of the system. 

Beyond ihe acquisition system the concept of modularity is 

important in Ihe analysis of thfi acquired signals. By their 
nature, different acijuisilion systems produce fundamentally 
different representations of signals. For example, an acquisi- 
tion based upon a real-time conversion system may yield 
data quantized to 8 bits thai is evenly spaced in time. In con- 
trast, through repetitive sampling techniques signals may be 
quantized lo grealer than Hi bits, and may not be evenly 

spaced. To reduce both signal representations to a common 

formal would imp< ise a dala throughput, volume, of resolu 
lion penalty on Ihe Instrument At the very least, the analysis 
system must be able to adapt to different classes of signal 
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representations. It must normalize I he signal data by analysis 
method rather than hy data type. 

We also knew from the onset of the project that we would not 
be able to implement all the analysis capability that custom- 
ers truly needed before the introduction of the instrument. 
Our customers continuously develop new measuremeni 
techniques or needs, which we would like to support in our 
instrument This indicated a second dimension ofthe modu- 
larity ofthe analysis system, one thai allowed for addition oi 
new capabilities for analysis and presentation of data. 

Top-Level Design 

The next major issue was how to allocate functionality be- 
tween hardware and software. The signal path is the essen- 
tial flow of data dirough the system. Ideally, it would be con- 
tinuous and real-time. A system completely implemented in 
hardware, such as an analog oscilloscope, can approach this 
ideal performance. In our system, of course, basic signal 
conditioning and acquisition had to be hardware-based, as 
did the ultimate generation of the display image and the data 
outputs. Therefore the question was, given the constraints 
on development time and cost, and considering the key con- 
tributions we wanted to provide, how should we allocate 
implementation between hardw r are and software through 
the rest ofthe system? We prioritized the following through- 
put performance goals as criteria on which to base the 
design: 

• >2 Mpoints/s DMA capability via a high-speed port when 
used as a digitizer 

. >250 kpoints/s display update rate with intensity-modulated 
persistence 

• > 500 kbytes/s block transfer rates via the HP-IB (IEEE 488, 
IEC 025) 

• > 100 measurements/a 

• < 1 ms for command execution via the HP-IB ( < 20 ins with 
attenuator change) 

• < 100 ms tola! response time to a knob change 

• < 5 s turn-on time. 

This led us to the allocation of hardware depicted in Fig. 3, 
In this figure, bubbles 2. 3, and 4 from Fig, 2 are shown in 



greater detail. For example, bubbles 2.1, 2.2, and 2.3 contain 
the functionality ofthe Acquits Channel Signals process in Fig. 
2. A Motorola MC68020 microprocessor serves as the host 
processor. It performs the majority of the system's signal 
processing and control. Certain specific tasks were off- 
loaded to specialized hardware to allow r the performance 
goals to be achieved 

For example, the acquisition process is subdivided into 
three components, Acquire Input Signal is the hardware state 
machine I hat collects the sample data record. Construct Chan- 
nel Signals is the software driver that operates the acquisition 
system. Calibrate Data is a hardware data mapping function 
that efficiently translates uncalibrated dala to calibrated 
values. This calibration entails evaluating each sample point 
using a Uiird-order polynomial that represents the transfer 
In net ton ofthe input system, after first correcting for any 
nonlmearit.y In the ADC'. Traditionally, a lookup table has 
been precomputed as an optimization so that this complex 
expression does not have to be evaluated for every data 
point. However, to achieve the 2-Mbyte/s throughput via the 
high-speed port, even this was not sufficient. Instead, we 
implemented a lookthrough table, so named because the 
host processor sees the output ofthe acquisition system 

Ituoiigh the precituipi d mapping ['unci ion. As thej are 

rear I. lite uncalibrated acquisition data points form the ad- 
dress to the mapping memory. The output ofthe mapping 
memory is applied to the data bus of the host computer. The 
bust memory system is designed tn provide single-in ts-cyele 
memory transfers between acquisition, host memory, and 
the I/O channels using the MC68020 as a DMA engine. The 
result is that the MC68020 can read a data point from acqui- 
sition memory, calibrate it, and store the corrected value in 
host memory in jusi one hus cycle. If high-speed port trans- 
fers are desired, the port can be addressed to eavesdrop on 
the data transfer without adding any additional clock cycles. 
This allows a blind transfer mode l hat can achieve greater 
than 5-Mpoint/s peak transfer rates. 

Display generation was identified as a throughput bottle- 
neck by performance testing our previous products. In lliese 
products, this process was performed by the host processor. 
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Fig. 3. Detailed Bow diagram of the HP 64720rt0 oscffloseope, showing processor allocatloa 
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Our estimates indicated that to generate I lie trace quality we 
desired, including variable-persistence display, the display 
task would consume too much of flip host processor's hand- 
width. We elected to use a dedicated display processor, (he 
Texas instruments TMSJJ4010, in conjunction with a custom 
stale machine to perform fast line and area operations. This 
display subsystem operates under its own operating system, 
It executes graphics primitive operations according to com- 
mands placed by the host into the low-priority ajid high- 
priority command buffers. Partitioning the system in this 
way frees the host processor to acquire more data or to per- 
form signal analysis while the display processor is rendering 
the trace image. The display subsystem is described in further 
detail later in this article. 

The graphics primitives for trace displays are designed so 
rhai the host processorperfbmis the coordinate system trans- 
formations, Voltage values are translated by the host into 
y-axis bitmap coordinates before being passed to the display 
processor. To speed this computation, a second lookthrough 
mapping system was devised. This allows signal data points 
to be translated from I heir internal representation to the 
coordinates of the display screen hi a single bus cycle. 

Hardware support was also needed to meet the HP-IB block 
transfer goals. Traditionally, the HP-IB data output process 
is implemented as a software loop in which the host proces- 
sor transfers data to an HP-IB controller chip on a byte-by- 
byte basis. To an infinitely fast HP-IB listener, this method 
could come close to meeting the goal of > 500 kbytes/s. 
However, to a slower receiver (on the same order of perfor- 
mance as the instrument) this technique would be limited to 
200 to WQ kbytes/s because each device has only a portion 
of I he total transfer cycle to accomplish its task. To alleviate 
lliis, we added a K1KO memory in front of t he bus controller 
chip. The FIR) allows a looser coupling between the source 
and the receiver such that each has the full transfer cycle 
for more over the short term) for its operation without 
impacting the other device. 

Host Processor System Architecture 

Because the host Mi '68(120 processor is a key element in the 
signal path, it was important to architect the host processor 
system to maximize the time available for acquisition and 
analysis. The other work done by the host is primarily ser- 
vicing the user. The work the host performs is event-driven 
in either case, but the event rates are quite different. The 
signal path is driven by trigger events derived from the input 
signals and state 1 transitions within the acquisition system. 
Maximum event rales are in ihe range of 100 kHz to I MHz. 
In contrast, user events from the front panel are limited to 
rates less than lilt) Hz. At Ihe remote interface, 1-kIIz event 
rates are a practical goal. By the criterion of temporal cohe- 
sion,* host processing was decomposed into the tasks 
shown in Fig. 1. 

This approach to task decomposit ton i -a used the design team 
some confusion at first. We had been using Structured analy- 
sis methods to model the system, which led ns to a func- 
tional view of the system. This worked well to help identify 
major abstractions and objects in the system. However, the 

' Temporal cohesion is a measure ol the "titne-relaiedrsss" of function] in a system If several 
functions need to execute in response in an event they exhibit a high degree of cohesion 



partitions of this composition did not map directly onto lite 
partitions of the task model. An example of this is the soft- 
ware driver for the acquisition system. Although it deals 
with the control, test, and calibration of the acquisition sys- 
tem, portions of it run under the signal path task, others 
under the local or remote tasks, and some under all three 
1 asks. We found the same considerations when partitioning 
the signal analyzer. 

The signal path task has the lowest priority in litis system. It 
rims continuously while enabled, driven by the stains of the 
acquisition hardware. In this case, polling is used instead of 
an interrupl-driven scheme. This eliminates the overhead of 
interrupt service and possible additional operating system 
calls. All other tasks in the host system are interrupt-chiven 
and may preempt the signal path. 

The local and remote user interface processes are peers 
They parse the corresponding user input streams and share 
control of tile system via mutual exclusion. Actual execution 
of user inputs is performed by common execution routines 
The processes are designed so that the remote (ask can 
hand off certain jobs lo the local task for overlapped pro- 
cessing. This enables us to provide programmatic control 
via the remote command language over certain complex 
tasks such as calibration. Collectively, these user interface 
tasks control whither the signal path is enabled and what 
job it, is to perform. 

Plug-in communication has unique requirements. This com- 
munication is over a serial interface and uses a special pro- 
tocol for read and write operations, Certain write operations 
to a plug-in may cause that unit to become busy, during 
which time no t'urlher writes are permitted. Also, when at- 
tenuator motors are energized, substantial drive current is 
required. This load current must not exceed the amount 
budgeted for the system's power supply. Because of these 
considerations, the module interface task is designed as a 
command spooler and low-level driver for the plug-ins. It 
contributes to the system's fast response to user inputs be- 
cause it allows portions of the input processing to occur 
concurrently with the control of the plug-in hardware. Each 
plug-in has a command queue into which the user interface 
places hardware control instructions or other programming 
information. The module interface task empties these 
queues into the plug-ins as quickly as they will accept the 
data, while monitoring the amount of power in use. Control 
commands are not issued until sufficient power is available. 
The module interface also interprets plug-in system inter- 
rupts such as probe changes or key presses by validating 
them and translating them to standard user interface events 
for parsing by the local user interface task. 

Interprocess communication is designed to minimize over- 
head in operating system calls. To reduce overhead further, 
we made the system clock period 100 ms. This ensures that 
system time management is an insignificant factor in operat- 
ing system overhead At each clock lime, Ihe operating sys- 
tem evaluates its ready list and may perform a context 
switch. At tins clock rate, we determined that this operation 
would consume less than 0.1% of the available processor 
cycles. However, finer time resolution is needed for tracking 
hardware settling times and managing acquisition schedules. 
For these purposes, a pair of hardware timers are provided 
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Fig. 4. finsi processoi tasks in th< HP 54720 10 oscilloscope. 

thai allow tuning resolutions as fine as 120 tis and durations 
as long as 6" s. The system clock is generated by a real-lime 
clock which provides time and date functions as well as 
some power supply monitoring capability. 

The settling manager is a utility function that uses one of the 
timers to track hardware settling times for each of the 
instrument's input paths and for other functions such as the 
system calibrator. When hardware changes are programmed 
by any of the tasks, they call the sell ling manager to record 
the needed settling time for the affected channels. Before an 
acquisition is started, the Signal path task calls the settling 
manager to verify Ihai I he selected channels have stabilized. 
In previous systems, this function was implemented with 
microprocessor timing loops or operating system calls, 
Through Ihe use of the settling manager, the instrument can 



I I 



ensure path settling concurrently with other processing. This 
design also guarantees proper operation in the future as we 
upgrade the CPU to use faster clocks or different processors. 

The fronl -panel keyboard and knob arc managed by a key 
board scanner mid RPG (rotary pulse generator) encoder 
logic. This hardware is encapsulated by the key and km il i 
interrupt service procedures, respectively. This hardware 
eliminates the need for the host processor to continuously 
monitor the keypad or measure knob position. Instead, 
when a change occurs, the interrupt service procedures is- 
sue Standard key events lor (he local process to parse. Knob 
response is further enhanced by using a bigh-resoltilion Kf'd 
coupled loan up-down counter. The counter accumulates 
the nel position change since it was last tend This technique 
eliminates backlash effects often seen in systems using 
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oilier position sampling techniques and yet provides fine 
sensitivity to minute changes. The knob interrupt rate is 
limitect to a maximum of about 2~> IIz to prevent overloading 
the system with change events during continuous slewing 
operations while still providing lively response. 

Signal Path Design 

As mentioned previously, the signal palh is c posed ol' tin- 

acquisition driver and file signal analyzer. These two compt>- 
nents arc tightly coupled within (lie signal palii la.sk, but 
I hey operate at significantly different abstraction levels. 

The acquisition driver encapsulates the acquisition hard- 
ware and the construction of the signal data structures rep- 
resenting the input channels. It must follow a schedule of 
acquisition jobs because the acquisition system cannot nec- 
essarily perform acquisition for all channels simultaneously. 
For instance, if a single-slot plug-in has two channels, such 
as the HP 54714A, the channels must he acquired on alter- 
nate triggers. In this case, the acquisition driver first ac- 
quires channel A and I lien acquires channel B. A ring was 
chosen as the abstraction model for the acquisition schedule 
since it maps well to the essential model of the system (see 
Fig- 5), 

A ring is a circular, doubly linked list. It has operations to 
add and delete items, and can be rot al eel to position a differ- 
ent item at the index point, known as the "top." The ring is 
called the scan ring, and ring items are scan stations. The 
scan station at the lop of the ring is the one that specifies 
the next acquisition. Each scan station is a data structure 
thai describes what to acquire, what acquisition method to 
use, exit criteria for terminal ing the acquisition melhod. and 
any hardware changes required. This allows a great deal of 
flexibility in configuring the acquisition process and is well- 
suited to supporting the diverse requirements of different 
acquisition systems as well as feature enhancements over 
the lifetime of the platform. 

The acquisition driver rotates the scan ring, executes the 
acquisition for the scan station, and then calls the signal 
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Fig. 5. The ring is a circularly linked list. It provides a good abstrac- 
tion of the repetJHvi acquisition schedule ol the oscilloscope. 
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analyzer to process each newly acquired signal. The ring is 
constructed based upon the channels that are selected di- 
rectly or needed as operands for waveform math functions. 
Other considerations in construction include what signal 
processing is selected (such as averaging), whether real- 
time or equivalent time sampling is to be used, and so on. 
The ring construction function is part of the library of utili- 
ties the acquisition driver provides for the user interface so 
that il can optimize the acquisition schedule as dictated by 
the capabilities of the currently installed hardware. 

The signal analyzer processes "normalized" signal data 
st nn -in res and does not need In know about the hardware 
that generates them. It too has a schedule of actions it must 
perform when it is presented with a newly acquired signal. 
These actions are modeled as a graph in which vertices are 
atomic operations and edges represent dependencies ( see 
Fig. 6). The arrival of a new signal fires a series of actions 
through the graph. Some actions, such as a math operation 
lo sum two channels, have multiple inputs that must be sa- 
tisfied before they can fire. This type of action would be 
armed by the arrival of the first signal and I'ired on the ar- 
rival of the second. This model of the analyzer is attractive 
because il provides an effective way to optimize signal pro- 
cessing and is very extensible. In implementation, the graph 
is represented by an ordered list of the atomic operations. 

Like the acquisition driver, the signal analyzer provides the 
construction methods for its scheduling, Each operation 
that can he selected has a description of its constituent op- 
erations. This description is efficiently held as a tree. When 
a measurement is requested, such as rise time, the leaves of 
the tree are visited and inserted into the list of operations 
according to a preferred execution order. This scheme al- 
lows new measurements to be addeci simply by defining the 
constituent operations. This design is very attractive to the 
irnplementor because only new atomic operations need to 
be coded. 
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Fig. 7. Display processor system block diagram. 



The signal analyzer also uses ay-axis lookthrough table 
when writing data to the display system via the low-priority 
buffer. The table is constructed beforehand to allow the 
rapid translation of y-axis values to pixel coordinates on the 
display, obviating the need for software scaling of the display 
data. By implementing this capability in a hardware look- 
through I able I he traditional software overhead associated 
with y-axis display ilala scaling is eliminated. 

Display Processor System 

The display processor technology was developed especially 
for this project. The display processor system basically con- 
sists of a series of lookthrough tables, a 576-by-368-pixel 
color monitor, 1M bytes of video RAM (VRAM), and a pixel- 
decrementing slate machine all working hi conjunction with a 
Texas Insiruments TMS.*!4U]() graphics processor ('Fig. 7). The 
TMS34010 provides control signals needed by the color 

monilni and lor I he VRAM refresh cycles. The hosl 68020 
processor interfaces in I lie display system via an onboard 
host Interface port, which acts as ihe portal for passing com- 
mands and data between the hosl and display processors. 
The specialized display processor system frees the hosl pro- 
cessor to concentrate on analysis and acquisition of the user's 
waveform data, while the low-level graphics primitives are 
handled by an Optimized color raster display system. 

The VRAM is ltj bits (one word) wide, and is addressable by 
the TMS34010 processor on a pixel or word basis. The VRAM 
serves as the storage space for the waveform pixels as well 
as program and data memory' for die display system software. 
The pixel memory is also stored in VRAM. A Specialized use 
of the VRAM is the allocation of memory buffer used for 
communication between the host and display systems. 

The host and display processors are tightly coupled by two 

VRAM buffers and a series of pointers inlo those buffers, 
which are updated pj both the host ami display processors, 
t hum if the buffers is large and is for lower-priority commands 
and dala. while the oilier buffer is small and is used for high- 
priority items. Both the host and the display processors 



must maintain the pointers to tell where to fetch and place 
commands. The commands placed in the lower-priority buffer 
are wrapped with a framing protocol, which improves displaj 
efficiency in cases where the husi ^ sending data ai a higher 
rate than plotting can occur (typically in excess of 500,000 
pi lints second). In cases when this display bottleneck i io- 
the framing protocol allows the display processor to 
find the most recent frame of data quickly, maintaining the 
responsiveness of the user interface. 

The color palette lookthrough table is a 256-color table that 
outputs an RGB (red. green, bluej color combination based 
on a bit combination presented at its inpui. The output RGB 
combination provides a pixel of the desired color on the 
color monitor. 

The key to the functionality of the display software is the 
manner in which the hits in die l(>bit VRAM word are allo- 
cated. The word is divided into several subfields consisting 
of from 1 to 3 bits. Some subfields are dedicated to wave- 
form data and other subfields are multiplexed to handle 
multiple functions, depending on which bits are set. The 
waveform dala subfields hold a value that eventually points 
to a color table entry in the color palette lookthrough table. 
The color palette table then outputs an RGB analog signal 
combination that is displayed on the CRT at the pixel loca- 
tion in the appropriate color. Before getting to the color pal- 
ette table, portions of the pixel value are routed through the 
priority encoder lookdirough table, which can potentially 
change which color palette table entry is used. 

The priority encoder lookthrough table acts as an interme- 
diary between the pixel stored in VRAM and the color dis- 
played For example, if certain bits in Ihe pixel are set, the 
system will display die color of a waveform memory at a 
given pixel instead of the color of the graticule. The priority 
encoder lookthrough table effectively redirects a pixel and 
can make it point to a different color, avoiding any software 
comparison operations that may be needed to accomplish 
Ihe same task. 

The pixel decrementing stale machine shares the system 
bus with the TMS3-1U1D, stealing cycles as needed to accom- 
plish pixel modifications (decrementing) during the pixel 
decrementing process. Decrementing consists of examining 
the value stored in the VRAM for a given pixel and using 
subfields of the pixel to point to locations in the decrementer 
RAM lookthrough table, effectively using the current pixel 
as an index inlo the RAM to find a new pixel value. In this 
manner, subfields in a pixel word can he modified by the 
decrementer to a different value which can signify time decay 
of the pixel intensity. This method is the basis upon which 
the pixel intensities can be varied to achieve the variable- 
persistence function of the system. The rale of intensity 
■ I ci ay is del emiined by counting the number of interrupts 
generated by the horizontal blanking interval of the display 
and then deciding when to run the decrementer during each 
interrupt service call. 

Some clever manipulations of the pixels during the plot ami 
erase cycle :uc employed to reduce \ isual llicket oi ihe dis 
play. Flicker oil en occurs when large changes in the display 
itilensik are allowed to QCCUT, and Ihe visible inlensily mod- 
ulations can induce fatigue and eyestrain on the pari of the 
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user. In variahle-persisleuce modes, whenever ihe decre- 
menter is going to be applied id the screen pixels, the soft- 
ware initiates a scries of deereitienl Lug activities, deerenient- 
ing l-foy-2-pixel areas in many different screen locations at 
nearly die same instant. By distributing the area of the entire 
screen to be decremented into many smaller areas I lie 
amount of display flicker is greatly diminished. 

Another mode in which flicker reduction methods ate em- 
ployed is during the use of minimum persistence. In this 
mode the pixels are plotted invisibly and are changed into 
visible pixel values when the riecrementer is run. The wave- 
form pixels that were illuminated on the screen before run- 
ning the decrementer will stay on the screen for one more 
decrementing cycle. The combination of the invisible plotting 
and overlapping of the previous and new waveforms com- 
bines to reduce flicker appreciably in minimum -persistence 
mode. 

In addition to the decrementing capabilities of the decre- 
menter state machine, the decrementer also generates x-axis 
plot coordinates when programmed to do so. By autoincre- 
meiit.ing in hardware the x coordinate for each y coordinate 
sent by the hosi processor the software data stream is effec 
tively halved, further reducing the software overhead under 
plot conditions involving equally spaced x-axis data points. 
The modes of the instrument having high throughput, such 



as the real-time signal capture mode, can greatly benefit 
from tins feature. 

As important as the display soil ware is to I he function of the 
system, the reduction of software run-time overhead through 
the use of the specialized hardware is the main benefit of I be 
display system. The decrementer state machine eliminates 
the need lo handle large numbers of pixels in software 
lO0p$, and the auloiticreiiienting nature of the decrementer 
and the pixel lookup and decrement operations minimize 
soft ware data handling. Finally, the y lookthrough RAM used 
by the host software analyzer eliminates the task of y-axis 
scaling, enabling the display system to plot the data without 
scale processing, hi the aggregate, the specialized hardware 
of the 1 display system together with the display soft wan 1 
produces a high-throughput system optimized for high- 
quality presentation of waveforms. 
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A Survey of Processes Used in the 
Development of Firmware for a 
Multiprocessor Embedded System 



In using structured design methods to develop a large multiprocessor 
embedded system, the HP 54720/10 oscilloscope design team learned 
that these methodologies can be very helpful if applied appropriately and 
supplemented with a few other processes and tools. 

by David W. Long and Christopher P, Duff 



The goal of the firmware design team for the HP 54720/10 
oscilloscope was to develop an oscilloscope platform for the 
future dial augments the basic acquisition hardware's capa- 
bilities and provides users with easy access to the answers 
tbey need. To have a platform for the future, the team fell 
the firmware needed to be easy to maintain and easy to 
modify so that new functionality could be added over lime. 
While past products had limited feature sets with firmware 
primarily focused on acquisition control, the firmware in 
this product family was to add value itself by helping ti i 
make the user's job easier. Finally, tor the instrument to be 
user-friendly, il needed to be fast, efficient, and easy to learn 
to use. The controls needed to be very responsive and the 
waveform display needed lo read instanlaneously to 

changes. 

The first decision the team faced was whether to ny to 
revitalize fhr existing high-performance oscilloscope main- 
frame orlo start over. The computer was slow by current 
standards and not well-optimized for algorithms run in an 
oscilloscope. The firmware, primarily written in assembly 
language, had been designed with Ibe intent that it would be 
used only once arid was hard coded in I u in lerons places to 
support a specifii sel of hardware. Since it was not well- 
document I'd, il was difficult to modify or even maintain \ll 
of the above farts made reuse of the existing system incon- 
sistent willi the goals I be team had set for the platform, of 
the future. 

The learn decided to start over. Computer science had 
advanced a greal deal. Better processes artd tools bad been 
developed and the team could fake advantage of lessons 
learned from tire development of previous generations of 
oscilloscopes. Furthermore, to meet the throughput goals, a 
new computer was needed that was better optimized for 
running oscilloscope algorithms 

Even though significant pieces of firmware, such as an oper- 
ating system, an MS-DOS'" file system, and an I IP-IB com- 
mand parser, were available from other IIP divisions, meeting 
the project's schedule goals was going to require process 
Improvements. The team chose lo use a combination of 
modem Structured raeiiiods and other best practices Tabic 1 
is a summary of the tools and processes used during each 



Design 

Implementation 



phase of the project While the use of an organized approach 
to system development certainly did pay off, the team 
learned quite a few valuable lessons along the way. 

Table I 
Firmware Development Tools and Processes 

Project Phase Tools and Processes 

Definition Focus Groups 

I sability Tests 
Performance Analysis of Existing 

Products 
Data Flow Diagrams 
Front Panel/User Interface Simulation 

Structure Charts 

Revision Plan 

( loding Standards 

Code Reviews 

Configuration Management System 

Compilers, Assemblers, Emulators, etc, 

Performance I sability Tests 
Verification Manual Fi n 1 1 w; ae Abuse Tests 

Automated Regression Tests 

Definition Phase 

Early in the project definition phase, a series of focus 
grorrps were held in cities across the United Stales. An inde- 
pendent consulting firm was hired and participants were 
carefully selected who bad varying levels of experience us- 
ing a variety of brands and models of oseilli >si 1 1| n s. Ti i pre- 
vent any bias in the results, participants were not told who 
was sponsoring the focus groups. One of lire consultants, 
act iug as a moderator, led each group through a two-hour 
session discussing a predefined list of topics. The design 
team's goals were to learn what aspects of an oscilloscope 
are or are not important lo users, what constitutes qualify, 
ami wbal constitutes ease of use. We wanled insight into 
why people chose lo buy or use a specific instrument. The 
GaCUS groups were videotaped so that all team members 
could see the sessions in addition lo reading the summary 
into] malioii provided by the consultant 
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The focus groups provided key information tor making early 
design decisions. For example, we learned thai a touchscreen 

user interface, while highly desirable in other instruments 
such as logic analyzers, was not optimal for an oscilloscope. 
Further, we found that participants judged oscilloscope 
quality by the kind of tactile feedback they received when 
pushing keys and by the fee) and resolution of knobs. The 
tactile feedback, which doesn't exist with a touchscreen, 
gives users confidence Oiat they have, indeed, activated m 
changed the intended control. The responsiveness of the 
display to the controls was also important, as was the over- 
all quality of tire waveform display. Based on the informa- 
tion we obtained from the focus groups, we decided lo use a 
traditional bullon-and-knob user interface combined with a 
high-resolution color display. The focus groups also led us to 
concentrate on high tlu'oughptil ;uid improving overall display 
quality to emulate more closely tin displays found in analog 
oscilloscopes. 

While the focus groups provided some general information 
about user interfaces, we needed more details about what 
makes an interface easy or hard to learn and use. We de- 
cided to run a series of usability tests on a variety of existing 
oscilloscope interfaces from various vendors. To ensure valid 
and unbiased results, independent human factors consultants 
with usability testing expertise were chosen to conduct oiu 
tests. Again, test participants were carefullv selected '• • pro 
vide a representative cross section of real-world oscilloscope 
users. They were each given two hours to work through a 
set of tasks on one oscilloscope, Ihen two hours lo work 
through the same set of tasks on another oscilloscope. Dif- 
fi 'tent test subjects tested different combinations of instru- 
ments, but all attempted the same tasks. They were not told 
who was sponsoring the tests. The tests were videotaped for 
later review by the design team. Statistics were kept on how 
long il took each subject to complete each task and how 
many assists were required. After the tests, the subjects were 
interviewed to get their opinions about ihe instruments they 
tested. 

The usability tests turned out to be very helpful to the de- 
sign team. The tests showed that the usability oMhe existing 
HI' oscilloscope user interface was similar to or heller than 
compel ing alternatives, although there were significant op- 
portunities for improvement. Many of the consultant's rec- 
ommendations were implemented. An example of one of the 
more interesting findings pertained to online help. Most ex- 
isting help utilities put the instrument's front panel into a 
help mode. When the user selects a control, the instrument 
provides a textual description of how to use that control. 
Tile usability tests showed, how r ever. that users generally 
didn't have problems using the controls they could find:. 
Their biggest problem was simply rinding the controls they 
needed. As a result, the HP 54720/10 includes an alphabet- 
ized index under the Help key diat tells where each control is 
local ed within the menu structure. There were many other 
suggestions for how features might be made easier to use, 
how to improve menu structures, and how to improve the 
front-panel layout Several of the findings were also very 
similar to those from the focus groups. Examples included 
recommendations against using a touchscreen and in favor 
of using a color display and reducing menu depth. 

In parallel with the focus groups mid the usability tests, the 
firmware design team was analyzing system requirements. 



focused on the digital system and firmware architec- 
tures. They had the freedom to partition functionality be- 
tween hardware and firmware, as necessary, to meet their 
performance objectives while at the same time staying 
within a set of cost goals. 

The fiisl slep was to analyze existing products Id identify 
their performance bottlenecks. Emulators and logic analyz- 
ers were used lo measure how firmware execution time was 
spent during critical tasks. Key bottlenecks included floating- 
point math, the display of numeric text including the process 
of converting the numbers to ASCII strings, and waveform 
display. In response to these findings, the HP 5 1720/10 com- 
puter design includes a floating-point processor, which not 
only speeds up real math but also numher-lo-ASOII-sfring 
conversions. The display system includes a TMS34010 graph- 
ics processor along with a custom graphics coprocessor, 
which speeds up waveform display. 

Data Flow Analysis 

The next step was iu develop a model of i In- new system 
using data flow diagrams, 1 Data flow analysis, formally 
known as Structured analysis, is intended lo help engineers 
evaluate and specify syslem requirements by modeling the 
How of data through the system as well as the transforma- 
tions performed on that data. Emphasis is placed on explor- 
ing what the system needs to do rather than how it will do it. 
No assumptions are made about what is done in hardware 
versus firmware. It takes a little time to learn to think in this 
manner. It is easier and perhaps more fun for engineers to 
think about how to solve a problem than to fully explore the 
problem itself. 

Two experienced engineers worked on the top-level data 
flow diagram for the IIP 54720/10. Tills diagram, shown in 
Fig. 1, conceptually specified the system architecture. As the 
team grew, ouher engineers were assigned to analyze specific 
portions of I he syslem. 

Traditionally, design assignments for engineers had been 
feature-oriented, with each engineer designing and imple- 
menting all aspects of I heir assigned features. The system 
partitioning, done as pari of the structured analysis, led to a 
new met In id for making design assignments. Each engineer 
was assigned responsibility for a specific technology area, 
like user interface or waveform analysis. This meant that 
engineers could become experts in specific technology 
areas rather than learning a little about everything required 
to implement a given feature. For example, the waveform 
marker user interface was designed by the user interface 
expert, the marker placement algorithms by the waveform 
analysis expert, and the graphics by the display expert. This 
organization proved to be much more efficient than the 
feature-focused Ivpe used in the past. 

The computer design was optimized to support the system 
arch it enure as conceptualized in Ihe data flow model. It 
includes custom hardware to accelerate the most time- 
critical data transformations and the movement of data 
t hrough time-critical paths. 

We learned a great deal about data flow analysis. We fotmd 
dataflow diagrams to be helpful in architectural develop- 
ment and as a communication tool within the team. How- 
ever, the diagrams were not particularly meaningful to 
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people outside of the design leajn or to new members of the 
design team without additional explanation. We found dial 
data flow diagrams were more of a too! for exploring, learn- 
ing, and modeling lliau for design or documentation. As the 
problem is decomposed to lower and lower levels, the value 
of further analysis declines. We found the lower-level dia- 
grams difficult and time-consuming to maintain as we began 
spending more time on design and less on analysis. Since 
Ihe low-level diagrams weren't used much after the analysis 
was completed and there was really no direct link to the 
design, we decided not to keep them up to date. 

There were several important benefits gained from the 
Str uctur ed analysis. The team ;ls a whole became very famil- 
iar with Ihe problems we needed to solve. As we explored 
system architectural alternatives, we discovered poor or 
dead-end choices early and discarded them. We could finally 
explain to management, in objective terms, why firmware 
development always seems to take so long. By presenting 
our model, we could show that the magnitude of the task 
was much greater than had been commonly believed and we 
were better able to justify an appropriate staffing level. 

Front-Pane) Simulation 

In conjunct ion with the structured analysis and Ihe early 
stages of design, we developed an interactive, graphical sunn 
lation of our instrument's front panel and display. The simula- 
tion nin under the X Window System and was written in ANSI 
C using X widgets. Using a mouse, people could simulate 



pushing front -pane! keys to see how t lie instrument would 
I x'havc. Pig. 2 shows how the front-panel simulation 
compares with the final front-panel design 

The simulation had multiple uses. It provided an environ- 
ment for prototyping menus and various other features. Ii 
provided an excellent way of demonstrating our product 
concept. Most, important, it provided us with a plat form for 
doing early usability testing of our improved user interface. 
A large number of HP employees evaluated the new inter- 
face and refinements were made based on theft' inputs, The 
consultant who led our earlier usability tests evaluated the 
simulation and provided additional feedback. We were then 
ready to design the actual instrument front panel 

Later, the simulation turned out to be an excellent early 
development environment. We used it to lest hardware 
independent code before real target system hardware was 

available. Because Ihe code was written in ANSI C. porting 
it to the target system simply meant recompiling it. 

The various processes described above helped us develop a 
feature set specification thai balanced functionatitS W hli 

ai ailable design resources ;ind thai tenia! I relatively 

stable throughout Ihe remainder of the project 

Design Phase 

While the analysis was si ill in progress several engineers 
began the design phase. They stalled by creating structured 
design charts. 2 Structured design involves creating a live of 
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modules. Tin- tree shows which modules e;ui call other mod- 
idea i ml I he data that is passed between the modules. Each 
module contains a brief description of the tasks and trans- 
forms to be accomplished by I he module. No formal ap- 
proach was taken In progress from structured analysis to 
structured design. Rather, structure design charts were 
created from the top down, based on what we learned from 
the structured analysis. 

A complete design was done for most of the firmware. 
Structure charts showing all modules were created includ- 
ing module specifications. The structured design charts 
helped us break the firmware into logical, functional mod- 
ules. The module specifications contained a brief descrip- 
tion or pseudocode for the module. Modules were then 
transformed into C functions. 

Because of the technology-focused assignments, data 
passed between technology areas was critical to the success 
of the design. A great deal of time w r as spent refining the 
data that would he passed from module to module. The data 
dictionary, a lexical description of the data passed between 
modules, was used extensively in identify the type and hier- 
archy of key global data slrnr-lnres. Our structured design 
software used a flat name space for the data dictionary, As a 
result, the data dictionary quickly became a burden to main- 
tain. New data dictionary entries were soon clashing with 
existing entries with different definitions. Several attempts 
were made to avert this problem with mixed results. A struc- 
tured design package that better supported the C language 
would have helped. 

Structured design enabled the team to identify common 
routines for global use. From these common routines were 
spawned abstract data types. An abstract data type is an 
association of data with the methods that can manipulate 
that data. Standard methods were constructed lor the set, 
list, queue, ring, and stack data types. This abstraction en- 
abled engineers to begin using these data types without con- 
cern for their implementation. Code size was reduced since 
the methods only needed to be written once. The risk of 
defects was reduced and the code is more consistent in the 
use of these types. 

The structure charts were maintained for a while during the 
implementation phase. Once the implementation was in Ml 
force the structure charts were not kept up to date. After the 
implementation was completed the engineers reconstructed 
the structure charts, bringing them up to date. The charts 



have been helpful to educate new engineers on system func- 
tionality and are a good "road map" for navigation through 
the firmware. 

Implement ;tl ion Phase 

After most of the structured design charts were completed 
and a good understanding of the data shared within and 
among subsystems was gained, engineers began Hie imple- 
mentation phase, hi previous products, a large portion of the 
code had been written in assembly language. The HP 
71720/10 design team agreed to write most of the code in 
.ANSI C. This has made the code much more maintainable. 
Over 85% of the HP 54720/10 system code is written in ANSI 
(.' with 15% written in assembly language. Assembly code 
was limited to functions that need to lie optimized for speed 
and code that was acquired from other Hewlett-Packard 
divisions. The use of ANSI G enforced function prototype 
checking. 

Since multiple engineers were working on various aspects 
of a feature, a firmware revision plan was constructed that 
coordinated our efforts to work on the same features at the 
same time. The firmware revision plan specified which fea- 
ture would be implemented first arid gave specific target 
dates for the completion of each phase. The features in the 
plan were prioritized so thai the most important features 
would be implemented first. The plan was the first step in 
preparing a complete firmware project schedule. Using the 
plan the design leant could measure their progress in each 
pha.se and estimate when future phases would be completed. 
In the later stages of the project, firmware revisions helped 
the quality assurance team track releases and ensure that 
engineers were testing the most recent code. 

During the implementation phase, a complete project sched- 
uling tool was used. The firmware team used the scheduling 
tool to measure our progress in each of the firmware revi- 
sion plan phases. Each engineer created a set of tasks to be 
completed within each phase. Every two weeks engineers 
would record the time spent on these tasks and predict, the 
time remaining. Near the end of the implementation phase, 
the schedule was used to assign engineers to portions of the 
firmware thai had the greatest amount of time to comple- 
tion. 1'sing these tools, most of the engineers finished their 
implementation tasks within a month of each other. 

After a few engineers became involved in the implementa- 
tion phase, a coding standard document was agreed upon. 
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The coding standard was leveraged from the Hewlett- 
Packard Lake Stevens Instrument Division and modified to 
pertain to our environment. The standard was agreed upon 
and supported by the team. The standard attempts to be 
rigorous in the definition and format of the C language but 
somewhat flexible in die definition of C syntax. Once a large 
body of code was written, lite code itself became as useful 
as the standard since most of the code was written in a con- 
sistent format A consistent formal made die code rout b 
easier Co read and understand. At the completion of the 
projert, all of the engineers involved were enthusiastic 
about using the standard in developing the code. 

Code reviews were held infrequently and early in the project 
The reviews targeted difficult rode that aft cted multiple 
engineers. Formal reviews were conducted consisting siTa 
reader who did not write the code, a moderator, the author 
and several reviewers. The code reviews were sponsored by 
the quality assurance department and gave them early visi- 
bility to the code. The code reviews had more beneficial side 
affects than the accuracy of the code itself. The reviews 
helped to test and reinforce the coiling standards. They 
were a font in for best practices in coding optimizations and 
formal. They also helped some of the engineers who were 
unfamiliar with C learn the language. 

Firmware Implementation Environment 

When the implementation started, no adequate firmware 
implementation environment existed, so the firmware de- 
sign team established several criteria for a configuration 
management system and developed an appropriate environ- 
ment. The system supports multiple engineers working in 
independent directories. Il supports experimental and work- 
ing versions of the firmware The environment was very 
beneficial in allowing multiple engineers lo work collec- 
tively on i he firmware, r'ngineers could work in their own 
directories on new code and posl working code for other 
engineers to compile with. The implementation environment 
is very easy to use and is documented for new engineers to 
learn. Enhancements to the environment were made as new 
ideas were generated. 

1 tiinug the implementation phase, emulators and debuggers 
were used to debug code for the 68020 microprocessor. The 
display computer system's firmware was oflow enough 
complexity thai we decided to debug il using a logic ana- 
lyzer rather than buying a mure expensive emulator. We de- 
signed a logic analyzer preprocessor pun directly into the 
display board We were able to simplify the debugging task 
by downloading sy m br its from l he link into the logic ana- 
lyzer for symbolic addressing. Some emulator-like capabili- 
ties were also made available from iite instrument's front 

panel. For example, a special debug menu was added which 
made it possible to look at and change the corneals of mem- 
ory locations in the display system, provided thai the has! 
680211 computer was running. The logic analyzer combined 
with the debug menus worked well for debugging this sys- 
tem, but we would probably us. an emulator If we were to 
increase the complexity Of the firmware much further 

Per forma nee Verification 

As the Implementation phase Reared completion, we began 

working on performance verification. Although many aspects 



of performance were verified, only two are discussed here: 
usability ami functionality. 

We asked our usability consultants to conduct a final round 
of testing on a prototype instrument with Burly complete 
fi rmwar e The test subject selection criteria were similar to 

used in the initial tests and the tasks were identical. 
The primary difference was that subjects only tested the 
new instrument The new results were compared to those 
for instruments tested during the first round. 

the n-sl results showed that subjects were able to complete 
the tasks in less time and generally with fewer assists than 
with die products tested during the first round. They also 
tended to give the instrument higher ratings on the post-i i st 
questionnaire. The new help feature received high marks 
am I had. indeed, helped some test subjects complete their 
tasks. 

The team had ntade progress towards developing an easier- 

lolise oscilloscope interlace. There were still several 
suggestions for improvement, but the magnitude oft lie 
changes was smaller. For example, it was recommended 
(and implemented) that the menu titles be drawn in a bigger, 
bolder font so users would be more likely to see them and 
know where they were in the menu Structure. 

Functional verification was accomplished using two methods: 
automated regression testing and manual abuse testing. Fully 
verifying all firmware functionality was no small task. There 
were over 200,000 lines of source code and the team had 
high quality goals. To complicate matters, the firmware 
could only be run on the instrument's embedded computer 
system- Testing on an embedded computer fire* hides using 
many of the methods traditionally used for workstation or 
personal computer software 

The automated regression tests were written to exercise ihe 
instrument via its HP-IB (IEEE 188, IEC (525) interface. The 
instrument is designed such that user inputs are acted up< >n 
by the same code regardless of whether they come in from 
the fronl panel or the HP-IB. Hence, testing the instrument 
via HP-IB exercised much of the same code as front-panel 
testing. The tests were written in ( ' and run on a UNIX* 
workstation. ' Overage was measured using a branch 
analyzer in combination with an emulator. 

The IIP 54 720/ 10s regression [est suite had the advantages 

of being automated and repeatable. However, ii coukJn'i 

a iiialicahy exercise some portions of (he firmware. For 

example, a portion of the sell-test and calibration firmware 
is only executed when a hardware problem is delected. The 
lest development became much more lime consuming as Ihe 
coverage level increased. 

We considered the regression tests quite successful. The 

tests exercised over lir>% of Ihe system firmware. The auto- 
mated tests tended lo be good for finding system crashes 
and serious detects. ( if till defects reported, 996 were found 
by the automated tests with an average submiller-deterniined 
severity ot 5.6 on a scale of I to 10, where 10 is most severe. 

More time was invest ed in manual abuse testing than in de- 
veloping the automated tests. This was because the manual 
tests had to he repeated for each new vrx\v release. The 
abuse testers were given guides for testing various parts of 
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Developing Extensible Firmware 



A primary goal of the HP 54720/10 firmware project was to develop extensible code, 
that is, code that can easily he modified and added to. The goal was considered 
important because the HP 54720/10 was the first member of a new oscilloscope 
family with many follow-on products expected in the future. 

It is difficult to measure in quantitative terms whether the goal was achieved or 
not, but a good test case came up right away adding FFT [fast Fourier transform! 
capability to the HP 54720/10. This proved to be an interesting case since the 
same feature set had just been added to the HP 5451 DA oscilloscope 

Three areas stood out as making it easier to add the FFT code: the vertical organi- 
zation of the code, the thinking ahead lhal was done by the design learn, and the 
HP-IB command parser 

Vertical versus Horizontal Organization 

The organization of the code made it very easy to add FFT capability The best way 
to describe the code is in terms of vertical organization versus horizontal organiza- 
tion. The two terms are often used to describe companies A vertically organized 
company is one that performs many if not all of the steps in the manufacture and 
selling of a product. An example is a shoe manufacturer that does everything from 
processing the leather to selling the shoes A horizontally organized company 
specializes in a product area and only performs one step in the manufacture and 
selling of the product. An example is a bottling company that produces several 
different brands of soft drinks. 

The code in the HP 54720/10 is organized vertically, Each module performs all the 
tasks related to the module, such as variable definition, initialization, save and 
recall, menu generation, keyboard entry, and command execution The vertical 
organization of the code proved to be a big time saver because most oi the work 
of adding the FFT capability could be done in one file. 

In contrast, the organization of the code in the HP 545 IDA oscilloscope is horizon- 
tal. There is a separate module for each of the broad tasks: variable definition, 
initialization, save and recall, menu generation, keyboard entry, and command 
execution Because of the horizontal organization, many more files had to be 
understood and modified Sixty-five modules were modified in the HP 5451 0A 
versus fifteen for the HP 54720/10 code. 

The vertrcal organization of the code also made it easier to do concurrent develop- 
ment The writing of the FFT code began several months before the HP 5472D/1 
code was schedu led to f in ish, and was completed a few months after the HP 
54720/10 code. During the period when both projects were running simulta- 
neously, it was important to keep the FFT features out of the main code and not to 
introduce any bugs Since most of the code work could be done in one file, it was 
possible to work in a separate directory from the other developers and not have 
the new FFT code affect good code that was close to being released. 

Thinking Ahead 

Oscilloscopes can perform a wide variety of mathematical operations on the moot 
signals such as inversion, multiplication, integration, and differentiation The 
resultant waveforms are referred to as functions. The HP 54720/10 team spent 
quite a bit of time at the beginning of the project trying to anticipate the types of 
functions that might be created and trying to make functions completely general- 
purpose. The results paid off Approximately two months were saved because of 
the thinking that went into making functions general-purpose 



Three things in particular reduced the amount of time it took to add the FFT code 
The HP 54720/10 code allows waveform records to be at any length. This was 
especially useful for FFTs. which have weird lengths, powers of 2. The HP 
54720/10 code allows waveform records to have any type of units FFTs have units 
of decibels and hertz, which are different from the usual time-domain units of 
volts and seconds The HP 54720/10 has a routine that automatically does the 
horizontal and vertical scaling of the function. This routine made it easy to imple- 
ment action routines for the vertical offset, vertical scale, magnify span, and 
center frequency keys 

HP-IB Command Parser 

Both the HP 54720/10 and the HP 545 10A oscilloscopes have an HP-IB command 
parser, which is worth mentioning because it resulted in significant time savings. 
The HP-IB language is a set of commands and queries that allow a user to control 
the instrument with a computer over the HP-IB (IEEE 488, IEC 625) In past instru- 
ments, the HP-IB section of code has been a difficult section to extend or modify, 
but an HP-IB command parser that we borrowed from another HP division has made 
the job much easier It took less than two weeks to add the 22 FFT commands and 
22 FFT queries 

The HP-IB files consist of a language file and a set of action files The language 
file defines the entire HP-IB language, and is written in almost the same format as 
the syntax diagrams for the commands and queries that appear in the manual. The 
action files contain short routines for the commands and queries that specify 
where the incoming data goes to and where the outgoing data comes from. Once 
the commands have been defined in the language file, a special compiler is 
executed to translate the language into code. The HP-IB compiler is an example of 
a software tool that greatly speeds up the firmware development process. It takes 
a task thai has been done over and over again in HP instruments and automates it 

Documentation 

One aspect of firmware development that is not fully addressed by the use of 
standard structured methods is complete system documentation. Tile HP 54720/10 
team set standards for the documentation, but more documentation would have 
helped because a large amount of the FFT project time was spent learning about the 
system firmware The typical documentation was a description at the beginning of 
a routine, a few comments scattered throughout the routine, and a structure chart 

Three types of documentation would have helped. First, system-level documenta- 
tion that gives a big picture of the system firmware and the interaction of the main 
modules. Second, more comments in the source code, especially to describe what 
called subroutines do. Often it was necessary to go through all of the subroutines 
to understand what the main routine did. Third, it would have helped to have 
better descriptions of variables and some of the different variable parameters. 

The key message is that additional time needs to be allocated specifically for 
system documentation beyond that generated by the structured design process 
itself. Good documentation is one of the areas that has the highest payback on 
follow-on projects, yet it is often neglected. 

Rodney T Sc Water 
R&D Engineer 
Colorado Springs Division 



i he system to help ensure even coverage, although the cov- 
erage was not measured. They were also encouraged to try 
anything they could think of that might uncover a defect. 
They recorded time spent and the number of defects found. 

The advantage of manual testing was that humans could 
easily evaluate functionality that is difficult to verify auto- 
matically. They could look at how the display responded to 
things like color specification changes, the responsiveness 
of controls, and the correctness of answers or waveform 



displays. We were able to include testers with varying expe- 
rience levels and interests. The drawbacks were that the 
testing was not veiy repeatable. it was time-consuming, and 
it got monotonous very quickly. 

We found that the manual testers tended to find more subtle, 
less severe problems than did the automated tests. Abuse 
testing resulted in 34% of all defect reports with an average 
submitter-determined severity of 4. 1,6 points lower than the 
average for the automated tests. 
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The remaining 57% of the defect reports were no! the result 
of formal testing, hut were mainly submitted hy project 
engineers during the implementation phase. 

In the past, ire had focused primarily on front-panel testing 
The combination of both methods produced better results. 
Very few defects have been reported in the firmware since 
the final release, even though the instrument can print a 
form directly to make it easy for users to report problems. 

Results 

The HP 5-1720/10 design team met its goals. The user inter- 
face was very well received by end users. The postrelease 
defect find rate was extremely low. The system met its per- 
formance goals. Finally, the system turned out to be well- 
suited to serve as a plal fi >mi Tor the future. The first new 
feature added to the 111 1 54720/10 (see "Developing Extensi- 
ble Software." page I.i4 ) require] 2"> :, less time than adding 
the same feature to a similar firmware system that was de- 
vcli iped using less Structured techniques. After evaluating 
the difficulties encountered in adding the new feature, the 
design team developed a more complete set of documenta- 
tion to make the system even easier to maintain and en- 
hance. Structured methods and the other processes used by 
the IIP 54720/1(1 design team didn't solve all of the team's 
problems, but I hey did help the team meet ils goals and 
ilevek ip a better product. 
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Mechanical Design of a New 
Oscilloscope Mainframe for Optimum 
Performance 

A completely new mainframe design for the HP 54720/10 oscilloscopes 
includes a unibody chassis and four plug-in slots that provide superior EMI 
performance and anticipate future enhancements. 

by John W. Campbell, Kenneth W. Johnson, Wayne F. Helgoth, and William H. Escovitz 



Mechanical design of the HP 54720/10 oscilloscopes hegan 
with a clean slate. The goal was to provide an improved 
mainframe Tor high-performance, staie-of-the-art oscillo- 
scopes with band widths greater than 1 GHz. The team found 
that, it was time to reexamine the designs of the 1980s. 

IIP high-performance oscilloscopes of the UlSOs used an I IP 
System I] enclosure as the mechanical mainframe. System 11 
is a modular system consisting of standard skeletal castings 
and outside sheet-metal cover panels. System II made it pos- 
sible formany designers in different divisions to design in- 
struments with various outside sizes using standard parts. 
Each instrument used its own specific internal cardcages 
and sheet-metal trays and bulkheads. Cables and printed 
circuit board edge connectors carried the high-frequency 
signals from board to hoard. Screws attached the internal 
parts to the System II enclosure. 

In spite of its modularity, or perhaps because of it, System II 
had many disadvantages for digitizing oscilloscopes. Tim 
primary disadvantage was electromagnetic interference 
(EMI), especially radiated interference. Digitizing oscillo- 
scopes contain high-frequency clocks for the digitizer, com- 
puter, and display clocks and the switching power supplies. 
The many seams between the sheet -metal side panels and 
lire mainframe were difficult to seal completely against radi- 
ation from these sources. It was common to spend many 
engineer-months at the end of the project trying to meet the 
EMI regulatory requirements. Furthermore, there was exten- 
sive internal coupling. Oscilloscopes contain sensitive ana- 
log input, trigger, and calibration circuits. Vertical accuracy 
has improved from about 3% to about 1% in the last decade, 
putting higher demand on calibration. Time base circuits of 
digitizing oscilloscopes are more sensitive (and therefore 
more susceptible to EMI ) and much more accurate than 
those of analog oscilloscopes. So radiation, in addition to 
leaking out, could easily appear unwanted in victim circuits, 
often leaking through the many cables inside i he instrument 
It is easy to see how fixing EMI and its associated noise 
turns into a critical path for die project . 

Tfie previous high-perf ormance oscilloscope mainframes 
had other shortcomings that increased the desire for a new 
mainframe. Many of the parts in the basic mainframe exo- 
skeleton, as well as internal parts attached to the mainframe, 
were held in place try screws. This assembly was expensive 



for HP Tire new oscilloscope would contain more and higher- 
power-density circuits. As HP bipolar processes have moved 
through HP5, HP10, and HP25, the new integrated circuits 
have had smaller transistors, more functionality, higher 
speed, and sometimes smaller eliips. This has also led to 
more acquisition channels in the oscilloscope and increased 
requirements on the cooling, while customers were already 
complaining that their instruments are too loud. Thin hybrid 
substrates used to obtain the necessary circuit density 
needed special protection from shock and vibration damage. 

I 'sers of general-purpose oscilloscopes with bandwidths 
above 500 MHz generally need plug-in or modular systems. 
This allows the user to tailor the number of channels, band- 
width, sample rate, input impedance, ac/dc coupling, and 
other options to match the needs of the application. Willi 
present technology, one combination of attenuator and 
amplifier can handle these capabilities up to 500 MHz. For 
oscilloscopes with bandwidths above 500 MHz (the HP 
54720/10's is over 2.0 GHz), it is necessary to have a plug-in 
system so that the attenuator/amplifier combination can be 
changed. However, previous plug-in interconnection 
schemes limited the bandwidth to about 1 GHz. 

The HP 54720/10 design team decided to develop an 
oscilloscope mainframe widi the following characteristics: 

• Improved internal and external shielding so that noise and 
EMI problems would be minimal 

• Simple assembly 

• Plug-in system with higher bandwidth and more reliable, 
easier mating 

• Higher capacity but quieter cooling. 

Chassis Design 

The cabinet design for the HP 54710/20 oscilloscopes repre- 
sents a departure from typical packaging concepts. Histori- 
cally, design teams have often expended an inordinate 
amount of effort attempting to design, modify, and refine 
electronic enclosures to comply with regulatory agency 
tests for radiated emissions. Many designs have required a 
variety of special parts as well as difficult installation proce- 
dures to achieve the required performance. The primary 
goal for this design was to improve shielding effectiveness 
against radiated energy while at the same time improving 
the simplicity of assembly and parts handling. 
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Beginning with the assumption thai the eardeage area of the 
product would he the primary source of radiation, our first- 
cut concept was to create that, section as a completely 
sealed compartmenl which, if necessary, could stand atone 
as a shielding entity. Since internal coupling within the con- 
tainer can also represent problems for the circuit designers. 
Other areas were targeted forai least some level of compart- 
mentalizing, primarily the display. Oilier compartments were 
quickly added onto the shielded eardeage. This crcaicd the 
problems of how to fasten the other compartments to the 
eardeage and how In cover I he whole thing in a cosmetic 
wrap. A variety of interesting modular concepts emerged. In 
Die approach selected. Hie individual compailineiils share 
common internal walls as a single unit, nil her Itian being 
separate, and their outer walls form the external cosmetic 
skin— a sort of uiiibody oscilloscope cabinet (FSg. 1). Why 
should the external skin be simply an external skin, with 
some sort, of internal skin doing the real job? 

One of the difficulties encountered in the design of elec 
tronie packaging is the configuration of joints, which musl 
have small enough gaps to prevent radiation of electrical 
energy. Uasketing between chassis elements can create 
assembly difficulty because of the pressure acting on sliding 
or compression Bts. The contact effectiveness can vary from 
unit to unit, and if is sometimes very difficult to gel the gas- 
keting to conform to all of the required locations. Willi the 
pieces welded together wilh appropriate weld spacing, there 
are no variable-seal joints to become shielding leaks. 

The choice of low-carbon steel for the cabinet was driven by 
several issues. Spot -welding seemed appropriate lo the fab- 
rication of such an assembly. SI eel spot welds very well 
Compared to aluminum, which has a tendency to build up on 
welding tips i )i her important characteristics or steel com- 
pared to aluminum are its higher permeability and lower 
conductivity. This combination of characteristics allows 



steel to provide increased absoiption loss at lower frequen- 
cies. This was an important consideration since internal 
lower-frequency magnetic coupling into sensitive circuits 
was a concern requiring attention in the design. Combining 
these factors wilh a lower basic material cost, spot-welded 
steel appeared to have the advantage. 

Trying to predict a total theoretical shielding effectiveness 
of all of the air hoies, weld seams, and oilier configuration 
features can be quite difficult. The basic niles governing slui 
sizes, including the weld spat higs. and oilier configuration 

nil's and guidelines were combined inlo a design lhal 
seemed reasonable. An early model of the design was then 
tested in the screen room. 

The slogan, "One trip to the EMI site!" was used during the 
package development. Previous products required many 
trips lo the outdoor tesl site along wilh lab and screen room 
testing, not to mention rolls of copper I ape to put over 
troublesome cover and chassis seal leaks. The goal here was 
to develop a configuration that could be evaluated in the 
screen mom with enough margin to go to the qualification 
Step with confidence. 

The chassis was tested in the screen room with a comb gen- 
erator. 'Hie same test was performed on some other typical 
boxes. Measured shielding effectiveness was an average of 
20 ill! (26 to 32 tffi in the lOO-io-700-Mllz range) higher lhan 
the previous package design (Fig. 2). Nn repeal trips to the 
KM! site were required! 

To allow access to I be inside of I be instrument, some fonu 
of detachable seal musl exist at some point. The design c< >n 
cepi called for a controlled, repeatable seal ai the rear panel 

lo ;Ulow easy access to Ibe eardeage compartment. The panel 
contains four folded sides which interface wilh mating I 
slots folded in | he rear edges of the package. These slots 
contain a sliding- fit spring gasket which makes contact with 
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Fig. 2. Chassis shielding effectiveness was measured again.si nttuT 
packages using a harmonic comb generator mounted inside die 
] laekage. 

the four sides of the panel. The panel sides are surrounded 
by live the gasket and the slot (Fig. 3). The quality of the con- 
tact made is not sensitive to variations of in and out posi- 
tioning. At any point in its contact range, the contact is the 
same. Very little pressure is required to install or remove it. 

Since I lie eardcage is -sealed and (lie package is compart- 
mentalized, no shielding boundary is required at the front. 
The unshielded plastic front panel is removable to provide 
access to the forward compart merits. 

The chassis supplier assembles eleven part numbers repre- 
senting a total of 19 pieces that, make up the entire raw cabi- 
net (Fig. 4 ). Commercial weld nuts are used along with two 
custom threaded parts to provide threaded fastener attach- 
ment points. Assembly requires mostly spot and some wire 
welds. Two of the parts — the front deck and eardcage— are 
tin-electroplated to meet connection requirements while die 
remaining pieces are zinc-plated with a yellow chromate 
conversion coat. After welding, the exterior receives a sand- 
ing of the welds, primer, and a stipple-texture waterborne 
color paint coat. 

While no specific parts count reduction was identified early 
in the project, the new design results in a considerable im- 
provement on the assembly floor. To assemble a complete 
cabinet. EMI-sealed. with all internal supporting structures 





Fig. 3. A sliding -fit spring contact strip mourned in die rear U slots 
makes low-pressure, repeatable contact with the rear panel. 



Fig. 4. Nineteen parts are welded by the supplier to complete a 
cabinet reacts to aceegl circuit boards and other components. The 
vertical plane of sheet metal at the center of the drawing is the 
bulkhead, Which establishes the z location of the plug-ins. 

in place requires less than one-third the parts needed for the 
older designs. For the HP 54720/10 this amounts to five part 
numbers representing a total of seven individual pieces. The 
previous designs required 15 to 18 part numbers and 24 to 25 
pieces. While many of the EMI seal features (gaskets) made 
cover installation difficult for previous designs, with the new 
design of the cabinet an outside supplier skilled at metal 
fabrication and welding focuses on assembly of that signifi- 
cant portion of die product, diereby giving HP manufacturing 
more time to address other technical details. 

With internal access limited to the front and rear only, mod- 
ularity of the subassemblies is a must. The result is a very 
logical modular partitioning of the internal parts (Fig. 5). 

Plug-ins and Their Interconnection 

One of the problems experienced in previous projects with 
this type of product involved the often extensive cabling 
hei ween the input at the front and the acquisition section 
(eardcage). Coupling from circuit to circuit and interference 
from the display assembly presented difficult problems for 
the circuit designers. 

The original design concept identified the use of plug-in 
modules as a means of allowing a variety of measurements 
to be configured at the front end of the instrument. The four 
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plug-in slots have to be able to make conned ion with four 
acquisition slots in Ihe cardcage behind them. This is where 
all the variable cabling was used in previous designs. A vari- 
ety of configurations dealing with a verli' ;il m horizontal 
cardcage and vertical or horizontal plug-ins were consid- 
ered. The result was a vertical plug-in orientation mating 
with a horizontal cardcage, thus allowing direct connect ion 
from each plug-in to each of four acquisition boards. The 
front of the cardcage forms the boundary of the sealed card- 
cage. The plug-ins are sealed individually and cnmiuuiiicale 
with the acquisition boards through shielded connectors 
into the cardcage. 

The plug-in compartment contains four slots for accommo- 
dating any practical combination of one-slol, two-slol, three- 
slot, or four-slot plug-ins. The plug-ins consist of a four-piece 
die-cast aluminum outer mainframe which includes a cos- 
metic front panel and all of the features that align and locate 
the plug-in. To this mainframe are mounted printed circuit 
boards, connectors, cable assemblies, and some sheet-metal 
brackets for support and damping. After assembly of the 
plug-in mainframe and internal hardware, two snap-on 
sheet-metal covers are put in place to protect the internal 
hardware and to create a fully EMI-shielded plug-in package 
(Fig. 5). 

Forward Compatibility. One of the contributions a modular 
instrument offers the customer is the ability to upgrade or 
reconfigure a measurement system in the future. Therefore, 
one of the primary design goals was to make the plug-ins 
and plug-in/mainframe interface as forward-compatible and 
expandable as possible. This imposed extra design con- 
st taints since the design did not just need lo solve existing 



problems but, also had to anticipate future problems and 

incorporate features into the design so that the future 
problems could be solved. 

Initial products were envisioned using only one-slot plug-ins, 
but it was an initial design decision not to rule out the use of 
two-slot, three-slot, or four-slot plug-ins. Future designers 
could use these oilier plug-ins to take advantage of Die in- 
creased volume, to eliminate redundancies, lo reroute signals 
from the front panel of the plug-in to the mainframe, or for 
some i it her unanticipated reason. The possibility of a plug-in 
that could span multiple slots meant that only the top and 
bottom of the plug-in compartment and the plug-ins could be 
used for guiding, aligning, keying, and retaining the plug-ins. 

The plug-in opening in the front panel of the instrument has 
chamfered protrusions which delineate each plug-in slot and 
guide ihe plug-in into the instrument. Pockets in the rear of 
the protrusions index with the front of a set of guide rails in 
the lop and bottom of the plug-in compartment. The gtude 
rails are held captive between tire front panel and the bulk- 
head al the roar of Hie plug-in compartment.. These rails 
guide the plug-in from the front panel to the bulkhead where 
the plug-in rear panel engages the guide pins. The top and 
bottom rails of the plug-in have a short ramped portion near 
the end of the plug-in's travel which aligns the plug-in 
cosmetically with Ihe instrument. The plug-in is then held in 
place willi a thumbscrew which screws into a powdered 
metal receptacle in die bottom of the front-panel opening. 

In anticipation of future plug-ins the die-cast front panels of 
the plug-ins have extra holes cast in place for additional 
c lectors and keycaps. When these ripenings are not used 
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they are covered In the polycarbonate cosmetic Eronl panel 

The die-cast rear panels of the plug-ins have pockets and 
holes cast in place for additional connectors; when 1 1 ic.se are 
not in use they remain empty. In addition, all the die-casl 
parts have extra features cast in place, holes drilled and 
lapped, or machined surfaces in anticipation of additional 
hardware in lulu re plug-ins. Although many of these fea- 
tures go unused, the small incremental increase in fooling 
costs or part costs to produce them is offset by the potential 
savings in designing and setting up new parts in the future. 

With the potential for larger plug-ins to be designed in the 
future, the plug-in design needed to anticipate plug-ins with 
a larger mass. The design assumes that the heaviest plug-in 
will weigh lour I iines as much as the heaviest existing one- 
slot plug-in and applies a safety factor of two. All load-bearing 
members and components experiencing relative motion are 
designed with these larger loads in mind. A mockup of a 
heavy plug-in was built for testing, with certain characteris- 
tics exaggerated to determine how much margin is in the 
design. The mass inside the test plug-in was nominiforn ily 
distributed to add extra stress to specific load-bearing mem- 
bers. The test plug-in and instrument were put through 
shock and vibration tests and the plug-in was inserted and 
removed from the instrument over 1000 times. The experi- 
ment was repealed several limes for statistical significance. 
After the lests were completed, all the components of the 
system were evaluated. All hough some components showed 
significant wear, nothing had failed. 'Hie plug-in syslem is 
specified to handle 3. fi-ki Ingram plug-ins for 500 insertion 
and removal cycles. 

Reliable Interconnect. Previous attempts at modular oscillo- 
scopes resulted in plug-ins thai had to be persuaded to plug 
in and did not give a feeling of quality to the customer. A 
design goal for this instrument was that regardless of the 
instrument's orientation (excluding face down on the 
ground), if the opening in the front panel was accessible, the 
plug-in would in fact plug in and mate with all of its connec- 
tors, and it would feel good. Although the last part of the 
goal is only ijuahtalive. it is obvious if it is achieved. 



Each plug-in slot has provisions for one li-Vpin D-shell con- 
nector for power and control and three coaxial connectors 
for passing signals from die plug-in to three individual main- 
frame boards. In the ease of a four-slot plug-in, the design 
for the plug-in/mainframe interface guarantees that up to 
four D-shell connectors and 1^ coaxial connectors will male 
simultaneously with enough precision not to degrade the 
performance of any of ihe connectors. 

The backbone of the phig-in/majnframe interconnect is the 
backbone of the entire instrument, ihe motherboard (Fig. 6). 
The motherboard uses press-fit connectors that are loaded 
onto both sides of the board. One side of the board contains 
all the connectors that connect to all the boards in the card- 
cage. The other side of the board contains the connectors 
that connect to the assemblies outside of the cardcage. This 
architecture allows all of the cardcage boards to communi- 
cate with each other and to communicate with the assemblies 
outside of the cardcage (plug-ins, disk drive, etc, ) without 
extra cabling. The motherboard is attached to the bulkhead, 
which separates the cardcage from the plug-in compartment 

The motherboard is the x and y datum and the bulkhead is 
the z datum for the plug-in/niainframe interface. Eight 
stainless-steel guide pins, two for each plug-in slot, are 
press-fil into the motherboard. Because both the 25-pin 
H shell connectors lhal interface with Ihe plug in and the 
guide pins are press til into die motherboard, the x-y relation- 
ship of the two is a function of the hole-to-hole capability i >i 
the motherboard vendor. Any manufacturing variation of the 
connectors or the guide puis is an order of magnitude less of 
a contributor to connector and guide pin mismatch, The 
giude put has a large shoulder at the base so that it becomes 
captured between the motherboard and the bulkhead and 
cannot work itself out. The guide pin is also tied to the 
ground plane of (he motherboard; it supplies the safety 
ground path for the plug-in and discharges the plug-in before 
the connectors mate. 

Up to three of the cardcage boards can receive signals from 
each plug-in slot through high-quality coaxial connectors. On 
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the eardcage side, the coaxial connectors are rigidly mounted 
on die-cast brackets mounted on the from erf the boards. 
Two small dowel pins are press-fir into these brackets. When 
the board is inserted into the instrument, the dowel pins fit 
into holes in the motherboard and align the coaxial eonnee- 

<t to the guide pins. The brackets also have 
Four mourning bosses, one next to each coaxial connector. 
I bese I losses ire screwed to the bulkhead from the plug-in 
side and pull the bosses tip to the bulkhead to locate the 
coaxial connectors in the z direct ion. The screws also 
ground the shield of each coaxial connector where the sig- 
nal passes through the bulkhead, which is an EMI shield, to 
minimize any radiated emissions. 

The connectors in the back panel of the plug-in are all float- 
mounted, meaning they are compliant in x. y, and /.. This is 
to accommodate any misalignment between the nominal 
positions of Die plug-in ;uul mainframe connectors because 
of manufacturing variations. 

The back panel of each plug-in engages two guide pins, one 
at the top and one at the bottom. Two pins are necessary to 
prevent the plug-in front rotating and misaligning the con- 
nectors. Plug-ins that span more than one slot use the guide 
pins along the diagonal from the top to the bottom. This 
allows more precise alignment and minimizes any torque 
applied to the guide pins. The back panel contains two 
bronze bushings which slide over the guide pins and align 
the plug-in hi x and y. Bronze was chosen for its hearing 
properties. The top hushing is round and performs the main 
alignment. The bottom hushing is obround to accommodate 
manufacturing variations and only prevents the plug-in from 
rotating. Around the top bushing is an annular spring which 
contacts the top guide pin and provides a path for safety 
grounding. As the plug-in slides down the guide pins the foot 
of the back panel contacts the bulkhead and registers the 
plug-in connectors in the z direction. 

To ensure that all of the connectors would mate all of the 
lime an analysis was performed on the plug-in/mainframe 
interface design. The analysis assumed manufacturing vari- 
ables contributing to misalignment with five degrees of free- 
Hum. Most variables were assumed to have normal distribu- 
tions and several had bimodal distributions. The worst-case 
analysis proved that the design would not work, so further 
analysis was undertaken, using a computer program th;ii 
performs Monte Cario analysis. The program randomly 
takes components from the different distributions, builds a 
plug-in and instrument, and measures the connector mis- 
match. These simulations were repeated thousands of times 
while varying some of the distributions. The results of the 
simulations showed that sei er.il custom parts could be elim- 
inated and several manufacturing tolerances reduced. This 
resulted in a (Wi% reduction in material cost fur the plug-in/ 
mainframe interface and a predicted failure rate less than 6 
parts per million. 

Quality and Durability 

Quality and durability are qualities that HP products are 
known for. To ensure I lial all new products live up to cus- 
tomer expectations tltey must go through mauj tests. ' Hie of 
I he more severe tests is the shock lest. In the shock lest the 
amount of energy applied is inversely proportional In the 
in lss of the product, Shock tests were performed for an 



instrument with plug-ins and for plug-ins alone. The plug-ins 
i by themselves were subjected to a shock pulse nearly 
three times greater than in an instrument, which seemed 
reasonable because it was easy to envision a plug-in being 
bumped off a workbench. 

Two of the plug-ins were experiencing failures in the shock 
test. Both contain thick-film preamplifiers The thick-film 
circuits are 1-mm-thick ceramic hybrids with edge clips on 
two sides that are soldi-red into a printed circuit hoard. The 
printed circuit board is mounted with screws to the die-cast 
rails of the plug-in. When the plug-ins were excited with a 
shock pulse on either of the two faces parallel to the plane of 
the ceramic substrates the thick film hybrids would crack. 

The transmissibUity of the shock pulse was measured to he 
14. Transmissibility is given as: 1 
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where F N is the exciting force, F-p is the transmitted force, a 
is the exciting frequency, oj,, is the natural frequency, and t, = 
i i , is the damping ratio, where c is the damping coefficient 
of the system and c t . is the damping coefficient of a critically 
damped system. Fig. 7 is a plot of transmissibility, ' 

The above equation shows that to reduce the transmissibil- 
ity, either the damping ratio must be increased, or the ratio 
of lire exciting frequency to the natural frequency must he 
increased, or both. The natural frequency of a thick-film 
hybrid is a function of its heam properties and any change in 
these properties would require extensive redesign. There- 
fore, we added more damping to the system to increase the 
dmnping ratio. This was accomplished In applying two strips 
of adhesive-backed foam, one at each end of the ceramic 
substrate between flu- substrate and the printed circuit 
board, covering approximately 30 percent of I he surface 
area of the hybrid. The net result is a itansniissibilily slightly 
less than 2 and no more broken thick-film hybrids. All of the 
plug-ins have been now subjected to a slightly less formal 




Fig. 7. Transmit ability as a function of Frequency for different 
damping ratios. 
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shock test. A G-foot-tall engineer holds l.hc plug-in out at, 
arm's length and drops it onto a hard floor. The result is a 
few alarming nicks and dings, but nothing tails, 

Cooling 

One of the goals for the* cabinet design was to have suffi- 
cient cooling of all components using a fan quiet enough for 
a lab environment. For a given airflow 7 , a large fan running 
slowly will be quieter than a small fan running faster, so a 
6-inch-diameter fan was chosen as the main fan. We consid- 
ered using a pair of 4. 7-inch fans, but die single large fan 
was better for airflow uniformity and quietness. The speed 
of the fan is controlled with a thermistor to increase airflow 7 
when the oscdloscope is in a hot environment. Three com- 
partments required cooling ain the cardcage, the display, 
and the plug-ins (see Figs. 1 and 5). For the cardcage, the 
emphasis was to have good airflow with no pockets of dead 
air. Placing the fan alongside the cardcage makes airflow in 
this area reasonably straight-through. A major part of the 
cardcage cooling design was for the heat sinks that cool the 
acquisition hybrids. There are four of these hybrids, two on 
each of two circuit boards, and each uses 17.5 watts. One 
large heat sink is used for each board. Having one heat sink 
for two hybrids keeps the second hybrid at about the same 
temperature as the first and also provides die hoard rigidity 
needed for the fragile hybrids. With this heat sink and the 
fan at high speed, the highest chip temperature is only 53°C 
above ambient. 

The display compartment has air inlet, holes from the fan 
compartment and cardcage. Initially, tiiere was enough air- 
flow into the compartment but it was not cooling some of 
the components. Much of the air was going across the back 
of the compartment, then along the side to the exit holes. 
Adding a deflector to the back of the display unit to channel 
air into the display puts this previously wasted air to use and 
keeps all components cool. 

A separate fan for the plug-ins guarantees adequate airflow 
while not compromising cardcage airflow or EMI shielding. 
With this fan spanning all four plug-in slots and blowing air 
down into them, all plug-ins get enough air even if adjacent 
slots are left empty, 

Shock and Vibration Resistance 

Most of the design considerations for shock and vibration 
resistance were straightforward, but some electrical require- 
ments combined to present a challenging problem of pro- 
tecting the acquisition assembly. Circuit density and imped- 
ance considerations required that the ceramic acquisition 
hybrid substrates be only 0.015 inch thick. There are two 
acquisition circuit boards, each or which has two hybrids. A 
large heat sink (approximately one pound) is used on each 
board to keep the hybrids cool. The timing pulses are gener- 
ated on a separate board and distributed to each hybrid. 
Timing accuracy and EMI requirements dictated that semi- 
rigid cables be used for the timing pulses. The hybrid input 
cables at the front of the boards had to be precisely posi- 
tioned at the plug-in interface, while for ease of assembly 
and cooling, the hybrids are at the back of the boards. The 
result of these requirements was tliree boards and four frag- 
ile hybrids interconnected with stiff cables and no simple 
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Fig. 8. Acquisition assembly with one heat sink partially cut away to 
show r J it- (hick-film hybrid circuit. Semirigid cables attach directly to 
i in by brills 

way to mount the heavy end of the boards rigidly to the 
cabinet (Fig. 8). 

To solve (he problem, Ihe Ibree boards are bolted together 
at Ihe back with spacer blocks and stiffening brackets. After 
(.he front of the assembly is bolted into place, two stiff bars 
are snapped into the sides of the cardcage and bolted to the 
spacer bars. This constrains the assembly in the sidc-to-side 
and up-down directions while allowing enough clearance 
fore and aft so that the front-end alignment is maintained. 
One problem diat was found during shock testing was thai 
the bulkhead at the plug-in interface was being bent from 
slight fore and aft movement of the acquisition assembly. 
The assembly was bolted close to the side of the bulkhead 
where it was welded to the display compartment. The other 
side of the bulkhead (with the acquisition assembly bolt 
position farther from the edge) was not being damaged, so it 
seemed that making the problem side more flexible w'ould 
solve the bending problem. Designing a clearance slot in the 
bulkhead and moving the welds farther away made the bulk- 
head resilient enough to be able to withstand shock and 
maintain alignment between the plug-in and the acquisition 
assembly. 
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A Probe Fixture for Wafer Testing 
High-Performance Data Acquisition 
Integrated Circuits 

This new probe fixture offers both a wide bandwidth and a high probe 
count, along with flexible interfacing and low maintenance. The fixture is 
used to perform at-speed wafer testing of the data acquisition circuits for 
the HP 54720/10 oscilloscope 

by Daniel T. Hamling 



Advances in digitizing oscilloscope performance are neces- 
sarily accompanied by an increase in the speed and complex- 
ity of the oscilloscope's data acquisition hardware. Today's 
data acquisition front end, which performs die sampling and 
analog-to-digital conversion of the oscilloscope input, typi- 
cally is a cosdy multichip module that supplies interfacing 
for several high-performance data acquisition integrated 
circuits (ICs). To reduce the cost of the multichip module, 
the IC reject rate after assembly must be reduced beyond 
what can be achieved with conventional low-speed IC wafer 
testing. However, performing the required at-speed (i.e., at 
operating speed) wafer tests of these complex, high-pad- 
count, high-hand width ICs is extremely difficult in an auto- 
mated manufacturing test environment. Thus, testing an IC 
at its operating speed is now more necessary than ever, but 
more difficult to achieve. 

While automatic test equipment (ATE) is keeping pace with 
most IC test, needs, interface fixiuring, particularly for wafer 
testing, is the source of most, high-performance lesi limita- 
tions. Conventional probe technologies, while separately 
achieving either wide band widths or high probe densities, 
have not produced very useful combinations of these two 
importanl features. To test high-performance data acquisition 
ICs, a wide bandwidth and a high prohe density are both 
needed. Therefore, an advanced probe fixture has been 
developed to support ongoing advancements in Hewlett- 
Packard's data acquisition technology. 

Probe Fixture 

The new probe fixture, described more extensively in refer- 
ence 1,* is basically a new combination of existing technolo- 
gies that provides interfacing for 28 high-frequency and 144 
low-frequency signals between the ATE and the device under 
test (DUT). A simplified view r>I the probe fixture is shown 
in Fig. 1. The probe fixture consists of an aluminum oxide 
(AI3Q3) substrate with a hole in its center from which a maxi- 
mum of about 150 miniature tungsten (W) probes extend. The 
substrate not only serves as a probe carrier but also provides 
a state-of-the-art thick-film interface environment close to the 

* Portions of this article were originally published in reference 1 © Copynghl 1992 IEEE 
Reproduced with permission 
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FiK- l. Amplified perspective view of ihe new probe fi.xi.un'. 

DUT. Thus, with the probes being approximately the same 
length as a typical bond wire (i.e., equivalent to 3.5 nil), this 
portion of the probe fix! ure is electrically analogous to the 
multichip modules on which the data acquisition ICs are 
mounted The substrate is mounted to the underside of a 
standard six-layer printed circuit I mart! which provides Hci 
trical interlacing of the low-speed signals and mechanical 
support for the entire fixture. The 144 low-speed signals are 
brought from the substrate to the printed circuit board via a 
conductive elastomer pressed between the substrate and the 
board, This interface ran supply up to 1A of current to each 
of the 144 signal pat lis 

The 28 high-speed signals are brought from the substrate to 
subminiature series A (SMA) connectors mounted in the 
printed circuit board via the spring-loaded signal pins of 
these connectors. This low-distortion interface, along with 
the controlled-impedance capability of the thick-film sub- 
strate, provides a -3-dB bandwidth of 3.2 CHz for the high- 
frequency ports. The threaded female barrel portions of the 
SMA connectors are conveniently placed about I he printed 
circuit board so that high-frequency coaxial cables from the 
ATE can be attached easily to the fixture. A photograph of a 
partially assembled probe fixture is shown in Eig. 2. The 
custom substrate shown (without probes) is specifically for 
testing the sampler IC of the HP 54720/10 oscilloscope, as 
described later. 
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Fig. 2, Photograph of the new probe fixture wiihonl probes. 

The most significant advantages and performance feat i ires 
of the new probe fixture are: 

• 28 high-frequency, controlled-impedance signal paths up 
to 3.2 GHz 

• 144 low-frequency, high-power signal paths up to IA 

• 150 maximum low-induclaiHe W needle probes 

• Fully customizable stale-of-the-art thick-film interface 
circuitry close to the Dl 'T 

• Standard interfacing of all signals via the SMA connectors 
and printed circuit board ribbon cable connectors 

• Use and mechanical performance comparable to 
conventional needle probe fixtures. 

Sampler IC Wafer Testing 

The performance of the probe fixture has been demonstrated 
by performing automatic wafer testing of the HP 54720/10 
sampler [C { 1 DX4) in a typical manufactiuing test environ- 
ment. A similar probe fixture has been designed but not yet 
demonstrated for the other important IIP 54730/10 data ac- 
quisition 10. the IDX3 dual 7-bit ADC. Since the 1DX4 (along 
witli two lDX3s) is mounted in a costly hybrid assembly, 
at-speed wafer testing of this circuit is greatly desired. Re- 
sults of the 1DX4 wafer tesl demons! ral ion show that die 
probe fixture allows automated at-speed testing of a high- 
performance data acquisition circuit by providing convenient 
and low-loss interfacing of signals up to the circuits full 
operating speed. 

The 1DX4 is a fully custom, mixed-signal, 128-pad, 2-GHz- 
bandwidth bipolar integrated circuit. The 1 DX4 is the front- 
end data sampler and the clock and timing generator of the 
high-speed data acquisition system incorporated in the HP 
54720/10 oscilloscope. The HP 54720/10 data acquisition 
system is described in more detail in the article on page 1 1 
and in reference 2. 

To wafer test the 1DX4 at speed, the required high-speed 
signals provided via the probe fixture include a 2-GHz time 
base reference clock, a 100-MHz phase reference clock, and 



a 2-GHz-band width analog input. The high-speed signals 
sensed via the probe fixture include a 100-MHz system clock, 
one of four 500-MHz sample clocks, and one of four 500-M Hz 
I iosI amplifier sample pulse outputs. Through automatic 
control and sensing of these signals, at-speed testing of the 
parameters shown in Table I is added to the conventional 
low-speed production test. 



Table I 
HP 54720/10 Oscilloscope Sampler At-Speed Test Parameters 

Test Description Test Specifications Unit 



minimum maximum 



VCO min frequency adjust 




loon 


MHz 


VCO max frequency adjust 


1000 




MHz 


100 MHz output frequency 


95 


105 


MHz 


DLL + delay range 


460 




ps 


DLL - delay range 




-205 


ps 


Programmed delay 1 


115 


135 


ps 


Programmed delay 2 


240 


260 


ps 


Programmed delay 3 


365 


385 


ps 


500-MHz output frequency 


195 


505 


Mil/. 


500-MHz output rise lime 




200 


ps 


500- MHz output fall time 




200 


ps 


Sample clock phase adjust 


40 




ps 


Sample maximum aperture 


177 




ps 


Sample minimum aperture 




163 


ps 


Sample-lo-eloek skew 


455 


760 


ps 


Input amplifier bandwidth 


2 




GHz 


Poslamplifier peak CMRR 




-20 


dB 



VCO » vullage-eonlralled oscillate DLL - delay-locked looo. CMRR = Common- mode rejection 
ralio 

Sampler Test Results 

To provide a sense of the type of tests performed and their 
results, the 500-MHz output frequency and rise time, sample 
clock phase adjust, and sample maximum aperture parameter 
measurements from Table I will be discussed in more detail. 
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Time (400 ps/diul 
Fig. 3. si )i i-MHz sample clock ootpul vin the new probe fixture. 
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Time 150 ps/divl 
Fig. -4. fe output risi 

500-MH2 Output Frequency and Rise Time. Kifi- '1 displays the 
500-MHz differentia] sample clock output waveform as seen 
li\ i in' ATI-; oscilloscope (HP 5412GA) via the new probe 
Bxture During this teat the ll'X-l is driven bj the2-GHz 
time base reference clock (not the VCO) so that the sample 
dork rales should measure almosl exactly - - >i)(i Mil/. When 
this wavefonn appears at the oscilloscope inputs, the test 
program asks the oscilloscope to measure the frequency and 
pass thai value hark in the lesl program (or testing. 

When the frequency measurement is complete, the lest pro- 
gram asks the oscilloscope lo find a rising edge of the wave- 
fonn. This edge is (hen zoomed in on by decreasing the lime 
scale in give the waveform shown iii Pig. I. Once zoomed in 
to increase measurement resolution, Ihe lesl program ;isks 
the oscilloscope for the rise time measurement. For the 
wavefonn shown, the rise time is 18G ps. The same sequence 
is thru executed for Ihe fall time. 

Sample Clock Phase Adjust. The sample dork phase adjust, 
with a nominal range of ahoul 4fi ps, is used lo align ihe 
phases of the four sample dorks precisely. The ad.jusl ment 
range for a particular dock is determined from a low pass 
filtered version of the cxdusive-OR combination of die ad- 
justed clock and one other fixed dork. Fig. ", displays the 
histogram of IIKI repeated measurements of the sample 
dork phase adjust of a typical 1 1 i.X-l. As shown in Ihe figure, 
the test exhibits all excellent resolution of LO pS. 

Sample Maximum Aperture. The sample aperture adjustment 

is used to sel (lie sample aperture precisely lo a desired 
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Phase Adjust ipsj 

Fi(j. 5. Sample clock phase adjust measurement repeatability 
[ram. 
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Fig. 6. Sample max:; >uy 

wklih, normally 170 ps. Since die aperture directly deter- 
mines the bandwidth of the acquisition system, testing its 
adjustment range is crucial. With some on-chip circuitry to 
remove the gain from the sample pulse, the pulse width or 
aperture is calculated front the change in a low-pass filtered 
version of the sample pulse. Fig. (i displays Ihe hisiograin of 
Hill repealed measurements of Ihe maximum sample aperture 
of a typical IDXJ. As shown in the figure, the test exhibits 
an rxrrllenl resolution of 1.1 ps. 

Conclusion 

Anew probe fixture has been developed that allows at speed 
wafer testing of high-performance data acquisition lCs. The 
probe fixture provides a wide bandwidth of 3.2 GHz, a maxi- 
mum probe eouul of 150, a maximum high-frequency poll 
count of 28, and mechanical performance comparable to 
conventional needle probes. The new probe fixture has been 
I hi a I'd capable of performing al -speed wafer testing of the 
fully custom, 12K-pad, 2-i dl/.-bandwidth 1 1 ).\ I sampler K ' of 
the HP 54720/10 osdBoscope, 

The new probe fixture provides a wide bandwidth, a high 
probe roinil, flexible interfacing, and low maintenance. The 
capabilities of the probe Bxture are necessary to support the 
ongoing advances that Hewlett Packard is making in data 
acquisition technology. With the testing capabilities that it 
allows, the new probe fixture ran significantly benefit tire 
design and manufacture of high-performance data acquisition 
[Cs. 
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A High-Performance 1.8-GHz Vector 
Network and Spectrum Analyzer 

Network and spectrum analyzers are frequently used together for RF 
component and circuit evaluation. The HP 4396A vector network and 
spectrum analyzer exploits this natural union by combining the two 
measurement modes into one instrument. 

by Shigeru Kawabata and Akira Nnkiyama 



Frequently in RF component testing and circuit evaluation a 
network analyzer and a spectrum analyzer arc used either 
together or alternately to make measurements. In many ac- 
tive component measurements, both instruments are neces- 
sary for measuring and analyzing frequency characteristics. 
A network analyzer measures the frequency responses of 
components, and a spectrum analyzer measures the power 
of signals. 

For example, circuit designers design amplifiers to meet 
certain performance criteria such as input and output return 
losses, forward gain, reverse isolation, noise figure, har- 
monic or intermodulation distortion, and so on. These items 
tire not independent, hut are influenced by each other. If the 
gain is too high, the distort ion performance may not be 
good. If the noise figure is very good, the input return loss 
may not be sufficient. Generally, many design iterations are 
necessary in these design processes, and since these mea- 
surements often involve both network measurements and 
spectrum measurements, designers have to exchange the 
two different analyzers frequently. 

Because network and spectrum analyzers are frequently 
used togel her, it seemed very natural to us that the two ana- 
lyzers should be combined together in one instrument. The 



HP 4396A network and spectrum analyzer is the result of 
our efforts in combining the two analyzers {see Fig. 1). The 
main features or the HP 4396A include: 

Cost. The HP 4396A offers high-performance network and 
spectrum measurements at a reasonable price. It might be 
more expensive than an individual network analyzer or spec- 
trum analyzer with performance characteristics similar 10 I lie 
HP 4396A, but it is much less expensive than the combined 
cost for I wo individual analyzers. 

Space Efficiency. The size and the weight of the HP 4396A 
are smaller than the combined size and weight of an individ- 
ual network analyzer and an individual spectrum analyzer 
Many circuit blocks and components, such as, the CRT 
display, the power supply, the CPU, the synthesizer, and the 
receiver are used in common for both measurement modes 
in the HP 4396A. 

Consistent User Interface. Since a network analyzer and a 

spectrum analy/et have similar measurement charaeteds- 
tics and are typically used together, it would seem to be con- 
venient for users of t hese two measurement modes to have 
the same user interface. The user interface of the HP 4396A 
is designed to be consistent for both measurement modes. 
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the spectrum of the signal being monitored at the output of tin 

same amplifier. Without ChattgEftg any COHfieetians, spurious a. 
that corrupl the amplifier gain measurement can be found by means 
of Ui>- ■;■■ tntm tnonltoa 

Common or similar functions are located under the same 
keys and have the same command names wherever possible. 
The IIP 4396 As user interface is wry similar to other conven- 
tional dedicated analyzers. The HP 4396A inherits its net- 
work measurement user interface from I lie HP87xx Series 
of network analyzers, and its spectrum measurement user 
interface from the HP 85xx Series of spectrum analyzers 

Fewer Connection Changes. The R, A, and B ports of the HP 
4396A are usually used u.s network measurement input ports. 
However, they ran also be used as spectrum measurement 
inpui poils willi si line performance degradation. This type 
of measurement is called sped nun monitor. For instance, il 
is useful to check (he self-oscillation of devices or spin ions 
signals coming from outside devices unda test during a 
network measurement. This can be done with Ihe I II' k396A 
without changing connections; just tuni off the RF output 
and check the sjiecirum using the oilier measurement chan- 
nel. Fig. 2 shows an example In which a spurious signal is 



checked by channel 2 using the spectrum monitor while the 
network measurement of an amplifier is performed on 
channel 1. 

Performance 

The goal of the HP elop a product 

that does not compromise performance in either network or 
rum measurements. In some cases, the HP 4396A has 
r performance than some conventional net- 
work or spectrum analyzers. Wide dynamic range and high 
measurement throughput were considered to be two of the 
most important features of an excellent instrument .Asa 
result, a great amount of development effort was put into 
providing these features in both measurement modes of the 
IIP 43! N IA 

Network Measurement Performance 

The HP 4396A can be used as a high-performance HIO-kHz to 

1.8-GHz network analyzer. Table 1 shows some of the HP 

4396A performance values in the network measurement 

mode. 

Wide Dynamic Range. The dynamic range and sweep rate of 
the HP4396A in the network measurement mode are espe- 
cially important features. More than a 110-dB dynamic range 
is guaranteed and typically more than a 120-dB dynamic 
range is achievable. These wide dynamic ranges can be ob- 
tained with a high sweep rate. Fig. 3 shows an example in 
which more than a 110-dB dynamic range is obtained in the 
measurement of a dielectric filter. 

Fig. 4 is a plot of the dynamic range as a function of the 
sweep rate of the IIP 4396A, More than a 95-dB dynamic 
range using 201 measuremenl points can be obtained within 
0.2 second. The sweep rale is fast enough and the dynamic 
range is wide enough for mosl manual adjustments in a pro- 
duction line. If more dynamic range is required, the IF band 
width can be narrowed at the cost of a slower sweep rate. 

While i lie dynamic ranges at 10-kHz and 3-kHz IF band- 
widths are almost the same, the sweep rate at Hl-kl lz band- 
width is more than two times faster. At 10-kHz and 40-kHz 
IF handwidths. Ihe design was tuned to get a wide dynamic 



Parameter 

Dynamic Range 

Dynamic Aceuracj 
Magnitude 
Phase 

Output Power Range 

Power Sweep 
Range 
Linearity 

Frequency 

< alihration 



Table I 
Typical Network Measurement Performance Values for the HP 4396A 

Typical Conditions 

>120dB IF baud width = 10 Hz 



« 9.02 dB 

< 0.1 5 degree 

-60 dBm to +20 dBm (0.1-dB resolution I 

20 dB ( up to 30 dB depending on the stop power) 
0.5 dB 

< 1-mHz resolution 

Full one-port, lull two-port, and one-path-lwo -port 
calibrations for type H, APC 7-mm or APC3.5-mm 
connector type 



From 2d dH h ■ 70 dli lull scale at IF 
bandwidth = 10 H/. 



50 MHz 
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Fig. '&. The vi-n wide dynamic ran® ofth< HF 1396A networJc 
measurement mode allows measurement of the UKkffl stop^band 

tiji'i limi of a dielectric filter. 

range wil.li a high sweep rale, whereas below 3-kHz IF band- 
width, image and alias responses are well-rejected for better 
high-Q device measurement. 

Spectrum Measurement Performance 

The HP 4 390 A is also a 2-Hz-to-l,8-GHz sped ruin analyzer, 
'fable II shows some of the key spectrum measurement per- 
formance values for the HP 4396A. The values in Table II 
show thai the HP4936A's spectrum measurement perfor- 
mance is as high as or even better than conventional 
spectrum analyzers. 

Low System Noise. As shown in Table II. the average noise 
level is very low, especially at lower frequencies, thanks to 
the instrument's low conversion loss, double-balanced first 
mixer, and low-noise- figure first IK amplifier. These compo- 
nents make small-signal or low-noise measurements possible 
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Fig. 4. The dynamic range ofthe networJ measure m mode Is 

plotted as a function ofthe sweep rati and tin 1 IF bandwidth using 
20 1 measurement points, 

without attaching a low-noise preamplifier. Fig. 5 shows a 
measurement of about a -140-dBm signal using a 3-Ilz 

resolution bandwidth. 

Good Scale Fidelity. The HP 43913 A doesn't have an analog 
logarithmic amplifier like other conventional spectrum ana- 
lyzers. Logarithms are calculated in firmware after analog- 
to-digifal cot t version. Thus, the HP439t>A has very good 
scale fidelity, which is almost the same as the dynamic 
accuracy in the network measurement mode. 



Parameter 
Average Noise Level 

Scale Fidelity 

RBW* Shape Factor 

Third-Order IMD** 

Second Harmonic Distortion 
Residual Response 
Noise Sidebands 
Frequency Response 





Table II 


Key Sped run 


i Measurement 


Specification 


Typical 


<-149 dBm/Hz 


-155 dBm/Hz 


< (.1.05 dB 


<0.02dB 


<10 


<&5 


<3 


< 2.5 


<-75dBc 


<-80dBe 


<-70dBc 


<-80dBc 


< -100 dBm 


< -110 dBm 


<-105dBc/Hz 


-115dBc/Hz 


<±0.5dB 


<+0.3riB 



Performance Values 



Conditions 



10 MHz to 300 MHz, attenuator = dB, reference 
level < -10 dBm 

1-Hz to 3-kHz RBW, to -80 dB from reference level, 
-50 dBm < mixer level < -20 dBm 

10-kH/ to 3-MHz RBW 
1-Hz to 3-kHz RBW 

> 10 MHz, -30-dBm mixer level, two-tone with 
>20-kH/ separation 

> 10 MHz, -35-dBm mixer level 
>:> Mil/, attenuator = 0dB 

1 GHz, 20-kH/i.ffset 

a- 10 MHz, attenuator = 10 dB, referenced at 20 MHz 



flSW a Resolution Bandwidth 
IMD = irttermoduiation Distortion 
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Fig. 5. & i 1USJ oi Hie liigh-.seii.silr. I yra i l design .irid the 
stepped FFTofthe HP 4396A, a -140-dBm signal can be i asHy 
ir'iI in 7."> set onds 

High Sweep Speed 3t Narrow RBWs. Fig. fi shows a plot of 
sweep time for various resolution banclwidths [RBW) of the 
III* 13f>6A compared to conventional, swept-type spectrum 
analyzers. When the RBW is narrow, the I IP 4396A is much 
fester. Below 1-kIIz RBW (Jie sweep speed of the HP 1396A 
is 2 to 100 times faster than conventional swcpt-type spec- 
trum analyzers. A stepped fast Fourier transform (FFT) 
technique produces this East spectrum measurement. A sig- 
nal of a certain frequency range is frequency converted and 
anahig-l.o-digilal converted to digital IK and its spectrum is 
obtained simultaneously by using an FFT. The lirst local 
oscillator frequency is changed step-hy-step to shift the 
l 1 1 1 nil measurement frequency range to obtain the total 
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Fig. fi. The HI' 4396Ato sweep spi ed is compared with conventional 
■ ept type spectrum analyze! 



spectrum over the required frequency span. See page (Hi for 
more about the FFT techniques used in the HP 431 

In the measurement shown in Fig 5, the sweep time of tin- 
HP 4396A is 7 ■" seconds. If a conventional spectrum ana- 
lyzer had been used at the same measurement settings, its 
sweep time would be more than 500 seconds. 

Because of the low-noise design of (lie HP 4396A, a u 
RBW can be used to realize the same sensitivity, which con- 
tributes in increasing the measurement throughput of the 
instrument On the other hand, the IIP 1396A is a bit slower 
than conventional swept -type spectrum analyzers at wide 
RBWs. However, the speed difference is not so noticeable 
because sweep time is much shorter at wider RBWs. 

Gated Spectrum Measurement The HP 4396A has a gated 
spectrum measurement option. This means that the instru- 
ment measures the spectrum of signals only w 7 hile the mea- 
surement gate is turned on. The gate delay and the gate 
length can be set as low T as 2 (.is. which allows measurement 
t if t he spectrum of a very narrow-width burst signal. 

Other Features 

The following are features that are common to both the 
network and spectrum measurement modes of the IIP 
H396A. 

List Sweep Capability. Many of the latest HP network analyz- 
ers have list sweep capability, which enables them to mea- 
sure arid display simultaneously several user-defined seg- 
ments at different frequency ranges, numbers of points, IF 
handwidths, and power levels. The HP 4396A has this capa- 
bility not only in the network measurement mode but also in 
the spectrum measurement mode. List sweep is especially 
useful in the spectrum measurement mode. 

As an example, consider a two-tone third-order iulermothi- 
lation distortion (IMD) measurement. When the (Ml) level is 
very low, a narrow RBW should lie selected to get enough 
sensitivity. If it is desired to measure widely separated two 
bone fundamental signals and third-order 1MI.) signals on the 
same screen, the sweep will become quite slow because of 
the narrow RBW necessary to detect the low level I MI.) 
signals. 

Fig. 7 shows this third-order 1MI) measurement using a list 
sweep oi three segments. The fundamental two-tone signals 
are measured at the second segment which has a wide RBW. 
ami the third-order 1MD signals are measured at the first and 
third segments which lia* e narrow RBWs and narrow fre- 
quency spans to shorten sweep time. The total sweep time is 
about 1 .6 seconds. Without list sweep it would lake more 
than two hours 

Measurement Channels. The IIP -l:J9oA has two measurement 
and display channels and each channel can be indepen- 
dently assigned to either a network measurement mode or a 
spectrum measurement mode. If channel 1 is assigned to a 
network measurement mode and channel 2 is assigned to a 
spectrum measurement mode, to change from one measure- 
ment mode to another it is only necessary to select the de- 
sired active channel key (CHI or CHZ). Both measurements 
can be performed alternately by using the dual-channel 
mode. Since either channel works as an independent ana- 
lyzer, the HP 1396A can lie used ;ls it it were two spectrum 
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Fig. 7. An example of the lisl iw ej capability of* the HP4898A ta 
which two-tone signals and their third -order IMDs are measure I al 
r lie same Lime, (a) A list sweep display in the spectrum measure- 
ment mode, (b) List table. 

analyzers, two network analyzers, or one spectrum analyzer 
and one network analyzer. The two channels can he associ- 
ated with one another by using the cross-channel marker 
mode and the coup led -channel mode. 

Versatile Marker Functions. The HP 4396A has many versatile, 
convenient marker functions like other HP spectrum and 
network analyzers. Among them, the cross-channel marker 
function is the most interesting. This function enables mark- 
ers to be used to relate the upper and lower measurement 
channels on the display. 

When a signal jumps to another frequency and close-in mea- 
surement of the signal is required, ordinary signal tracking 
will miss the signal because of the signal's large frequency 
jump and the analyzer's slow sweep speed. In such a case, 
cross-channel signal tracking is very useful. One channel is 
used to measure the signal with a wide frequency span to 
keep track of the signal. The Other channel can be used to 
measure a close-in area of the signal, which is being tracked 
by the other channel. 

The cross-channel marker zoom function can be another 
useful cross-channel function. One channel is used for the 
measurement of the zoomerl-in area of a marker location 
while the other channel displays the original (before zoom- 
ing) area. Fig. 8 illustrates use of the zoom function. 

HP-IB Command Support. The IIP 439GA supports two differ- 
ent types of HP-IB commands. One is the SCPP command 



set,' and the oilier is the conventional HP-IB command set. 
(IEEE 488.2J. In most cases, the Conventional command sei 
is more compact and works faster titan 1 lie SCPI command 
set. It may be easier for those who are familiar with the 111 1 
87xx Series network analyzers or HP 85xx Series spectrum 
analyzers to use the conventional command set. 

On the other hand, the SC 'PI command set was designed 
under industry-standard S( TI guidelines, and any SCPI- 
supported instruments have common HP-IB commands for 
the same functions. 

Either SCPI or conventional HP-IB commands can be used 
to control die HP 4396A. 

Controller Capabilities. To enable the IIP 4396A to behave as 
.in instrument controller, the instrument has HP Instrument 
BASIC (1BASIC), an external HP-IIIL keyboard, and a general 
I/O port, which consists of IBASIC-controllable 4-bit inputs 
and 8-bit outputs. The combination of IBASIC programs and 
tin HP-IB and general I/O ports can be used to build an in- 
strument system consisting of Ihe HP 4396 A and other instru- 
ments without any need for an external computer. Programs 
can be easily written by means of I he external keyboard and 
a command logging capability. 

Storage Devices. The HP 4396A has a a built-in flexible disk 
drive and 448K bytes of interna] volatile memory. The flexible 
disks can be used to store measurement data, instrument 
settings, and IBASIC programs. The flexible disk can read 
and write in DOS format for easy data communication with 
personal computers. 

The volatile memory can be used for quick data storage and 
retrieval of data such as instrument settings. With a 448K- 
byte capacity, the memory can store up to six sets of 201 
points of full two-port calibration data, which can be re- 
called instantly. The memory area is shared with IBASIC's 
work memory area, and the memory partitioning can be set 
by the user. 
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Fig, 8. An example ofthe cross-channel marker zoom function. In 
thig case channel 1 is used Tor tracking a signal With 9 wide fre- 
quency span and channel 2 is used for zooming in to measure side- 
bands of llie signal. Znoiiied-in sidebands can lie measured without 
missing a signal that is frequency hopping. 



SCPI means Standard Commands for ProGiaiiiinablrj Instruments 
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Fir. 9. Simplified block diagram oi the Ml' 4396A 



Low-Cost Design 

The main objective lliat gtu'ded the development of Hie HP 
4396A was to provide a high-performance instrument but at a 
low cost. It is impossible to realize both of these oonirndic- 
tory themes in ;m ordinary system design. If a combined net- 
work and spectrum analyzer is bnill byjusl physically ji lining 
a sland-alone network analyzer and a sland-alone spectrum 
analyzer, lite cost and the size would be prohibitive Even 
sharing lite cabinet, ( 'Iff display, the power supply, and the 
('PI' would not decrease the cost of such a configuration. 

To realize a very low-cost combination analyzer and ai the 
same lime keep I he performance of network and spectrum 

measun -. it tents as luLth as possible required many new low- 
cost design techniques in the 111' 1396A, 

Receiver Design 

Traditional vector network analyzers have three independent 
channel receivers tut each of the three inpul measureineiil 
ports. Wliile the cost for a network analyzer's receiver can 
be kept low, a spectrum analyzer's receiver is more expen 
sive because it needs frequency u peon version and better 
distortion performance, making ii loo expensive to have 
I hree spectrum analyzer receivers. 

To keep receiver cost low, the IIP 4396A has only one re- 
ceiver, which is used for both vector network and spectrum 
measurements. To make veclor network ineasiiremeuls (pos- 
sible, a Ihree-chanuel multiplexer is used and measurements 
arc performed using time division multiplexing. The ihree- 
ehajtnel multiplexer has a wide dynamic range and a high 



switching spiced. The HP 4396A receiver is described in the 
article on page 85, and the three-channel multiplexer is 

described in I he article on page Ufi. 

Fig. 9 shows a simplified block diagram of the major com- 
ponents in the HP 4;19(iA. 

The HP 4:i!iiiA doesn't use a logarithmic amplifier or narrow 
analog bandpass filters for RBVV (resolution bandwidth) 
lllters. I'IBVV filtering below 'i kHz. video tillering, peak or 

sample detection, and logarithmic conversion are all com- 
puted by firmware a t'ieranalog4o digital conversion. This 
approach ki eps I he cio nil size small and reduces I he n© d 

ii a adjustments. 

On the other hand, wide-RBW filters are realized with analog 
bandpass filters or low-pass filters with synchronous dciec 
lots in die III 1 |:)9tjA. If a much higher-saniple-rale aualng- 
lo-tligilal coiivericr (ADC) were used, till lite analog filters 

and the synchronous detection circuits could be eliiu.ii I 

and the total circuit size would be smaller and less adjust- 
ments would be needed. I lowever, a very high-speed ADC 
with good linearity and die associated digital circuits needed 
to create the required RBW fillers would be too expensive. 
Therefore, after considering I he cost, and performance bal- 
ance, hybrid analog and digilal RBVV filters were chosen for 
the HP 439SA. 

When a frequency down-conversion is performed by a fre- 
quency mixer, the ratio of the mixer output frequency to the 
input frequency usually ranges from 1/30 to 1/8. This ratio is 
mainly determined by die inpul filler's sharpness and the 
image-response rejeciion requirement. 
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Fig. 10. IF I'ji'']ii.iii v j;il ins of the HI' •l;i!)f.iA njmpared to 
conventional sped rum ;ui;il\v.rrs. 

The HP 4390A uses high-Q bandpass filters as IF filters and 
achieves quite small output/input frequency ratios. For the 
first-to-secund-IF conversion, dielectric filters are used for 
the first IP filters and the frequency ratio is close to 1/100 
(2.05858 GHz to 21.42 MHz). For the second-to-third-IF con- 
version, crystal filters are used for narrow-bandwidth mea- 
surements and the frequency ratio is below 1/1000 (21.42 
MHz to 20 kHz). Both filters are small and have very high Qs 
and are adjustment free. Because of these filters some con- 
version stages and many adjustments have been eliminated, 
resulting in a low-cost, compact receiver IF section. Fig. 10 
compares the frequency ratios for the IF sections of the HP 
4396A and other conventional spectrum analyzers. 

Synthesizer Design 

For fine-resolulion frequency generation, a digitally compen- 
sated fractional-N phase-locked loop is used. Its characteris- 
tics of low cost, small size, low noise, high speed, and no 
adjustments significantly contribute to making the HP 4396A 
production and service costs low. 

A v. it actor-tuned voltage-controlled oscillator (VTO) is used 
for the first local oscillator instead of a YlG-tuned oscillator 
(YTO), which is typically used. One of the main reasons for 
using a VTO is cost. A VTG costs less than a YTO. The cost 
difference will he bigger in the future because a WO has a 
much simpler structure. The driver circuits for (he VTO can 
also be much simpler than those used for a YTO. 

Digital Hardware Design 

The Motorola MCG8332 (10 MHz) and the Motorola DSITiiiOOl 
(20 MHz) were selected as the CPU and the digital signal 
processor (DSP) for I lie IIP 1396A. Since these chips have a 
lot of powerful on-chip peripherals as shown in Tabic in, they 



contributed to reducing the number of components, total 
component cost, board size, mid hardware development 
costs for the HP 4:196a. For controlling the CPU DEAMs, an 
off-the-shelf DRAM controller (74F1763A) was chosen, and 
for dam communication between the CPU and the DSP, low- 
cost, dual-port IJ)T7184L SRAMs are used. The selection of 
these components helped reduce the number of parts and 
development costs and helped improve reliability. 

Table III 

Components on the MC68332 CPU Chip and DSP56001 DSP Chip 



Component 

MC68332 

Time processor unit 

System integration module 

Quad serial module 

Serial communication 
interface 

DSP56001 
Host interface 

Synchronous serial 

interface 

Address generation unit 
Bootstrap ROM 

Internal RAM 



Use 

Interrupt handler timer 

Address decoder 

F i : 1 1 i i o nal-N chip interface 

RS-232-C interface 
(for software debug) 



Memory-mapped peripheral 
to interrupt handler 

A I K ' M'rial interlace 



Address decode] 

Power-on bootstrap 

Fast-fetch program and 
data memory 



Adoption of highly integrated and small packaged memory 
ICs, such as 4M-bit DRAMs hi ZIP* packages arid lM-bit 
SRAMs in surface mount packages, have also reduced the 
number of pans and board area drastically ami contributed 
to keeping the total cost low. 

RF Shield Design 

Typically, RF shielding lends to be expensive, especially 

molded shield blocks and dc feeding. A new low-cost shield- 
ing method was adopted for the HP 489BA RF modules. 

Fig. 1 1 shows a representation of the components that make 
up an HP 4396A RF module. The module consists of two 
shielded RF printed circuit boards w r hich are encased in one 
molded aluminum block to reduce the material cost of I lie 
module, 'file circuit side of a printed circuit board is at 
taehed to a piece of aluminum sheet metal and the compo- 
nent side is shielded and covered by one side of the molded 
block. Another printed circuit board is shielded in the same 
way but using the other side of the same molded block. 
Thus, the molded block is used as a shield cover for both 
printed circuit boards. One of the printed circuit boards has 
a 96-pin DIN connector on the bottom edge of the board 
which is connected to I he motherboard. This connector is 
used for digital or low- frequency signals and dc power. RF 
connectors located on the upper side of the module arc used 
for RF or other sensitive signals. Fig. 12 shows the two RF 
circuit boards and the aluminum block. 

2gzag Inline Package. 
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Fig. 11. A representation of tl tnponents that make upaji HP 

096 \ RF n i<ii iuir. ( irn- molded aluminum bl<> l- i u sed for shielding 
between two RF circuit boards 

Surface mount type integrated low-pass filters are used as dc 
reedlhrouglis lor III' |:i!J(iA RF modules, Fig. 13 shows the 
shape, equivalent circuit, and use of surface mount dc feed 
through fillers, which are less expensive llian a generally 
nseil strew lype de feedth rough capacitor. 

Isolation of the RF shielding structure with surface mount 
i\c I'eedlhrough Filters was carefully investigated before it 
was adopted. Fig. M shows the experimental results from 
examining this RF isolation structure, No serious isolation 
problems have been observed in any IIP 4396A RF moduli's. 
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Fig. 12. Two RFdrcuil boards and the molded aluminum biocl 
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Fig. 13. Dc feedthrough on an 111 1 I396A RF module use 
iiinurii dc feedthrou#i Biter. Tins method contributes to cosl redui ■ 
lion, productivity, and serviceability' without degrading 1 1 n shielding 
perfon I Feedthrough component (b) Equivalent circuit 

Hi Implementation. 

A lot of Cumbersome band assembly operations can he i'lini 
mated by using ihis RF shielding structure. Surface mounl 
dc feedthrough fillers can be assembled using die standard 
surface mount assembly process, mid primed circuit boards 
can be easily taken span from the shield blocks without 
having lo unsolder any pans. 

Because of the implementation of these design consider- 
ations, the cost of the RF shield structure for the HP 4396A 
is very \aw. 

Other Low-Cost Factors 

More I ban 75% of the IIP 4396A!s electrical parts are surface 
mounl devices, which reduces the board area and contrib- 
utes to Ihe total cosl reduction. While the circuits in Hie HP 
|:;: oil deal Willi signal frequencies of almost 1 GHz, most of 
Ihe RF circuits arc built with surface mount and patient 
components. Since microcirciiits lend to be expensive, they 
are not used except for the source output module, which 
could not satisfy the performance requirements without 
using a inicrocircuit. 

PP( I ( | lolyphenylcne oxide) is used as the printed circuit 
hoard material for the IIP IliHiA's RF circuits. The dielectric 
li lag i if PP( l lies somewhere between glass-epoxy and Teflon. 
PPO is more expensive than glass-epoxy but is much less 
expensive than Tenon. PFO printed circuit boards with 
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throngli holes can be made using the smite process used for 
glass-epoxy boards. 

All inter/board and module connectors and adjustment 
trimmers are accessible from the top, bottom, or side of I he 
cabinet. No extender board is necessary Tor adjustments. 
This provides high productivity and serviceability, which 
contributes to cost reduction. 
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Receiver Design for a Combined RF 
Network and Spectrum Analyzer 

A low noise floor, reduction of distortion and local oscillator feedthrough, 
and removal of image frequencies and higher-order harmonic products 
were the main design objectives for the HP 4396A receiver. 

by Yoshiyuki Yanagimoto 



Tti keep receiver cosl low. the IIP 4396A 1.8-1 1Hz vector net 
work awl spectrum analyzer uses only one receiver for both 
network and Spectrum measurement modes. Tills article 
describes the design and implementation of some of the 
main components of the HP 4396A receiver. 

A block diagram of the receiver portion of I he ill'' WfifiA is 
shown in Pig. I. The receiver is located on the HP 4:1!)i>.-Vs 
RF 1 converter board and IF board. A signal enters the RF 
converter board and hence the receiver via t he < iaAs FET 
switch either through the S (spectrum) input after the step 
attenuator or through the R, A, or B ports located at the input 
lo the Input multiplexer. The selected input signal enters the 
first mixer through the input low-pass filter. The signal is 
com erted to the first IF nrequet tcy 1 2.05868 ( H Iz i in the first 
mixer by the local oscillator I L< >i whose frequency ranjv Is 
between 2.05858 GHz and 3.85868 till/ (tuned to correspond 
to RF input frequencies between dc and L8 GHz). A dielectric 
bandpass filler with a dummy load is connected to the first 
mixer to reject L(> feedthrough and the unwanted products 
that might distort the firsi IF amplifier. 

A 17 dP> g;iin is [irovided h> I he lirsl IF amplifier The noise 
performance of the receiver is mostly decided at this point 
The total sum of the conversion loss and the insertion loss 
niihe circuits before the Brst FF amplifier is between 13 and 
17 dB. The inpul noise of the LF amplifier gives a system 
noise floor of about inr. dHm/llzKi 151 dBm/Hz. 



After going Ihrough a cascaded low pass liller lhal rejects 
the higher harmonic products, i he amplified signal is ampli- 
fied again hy an identical amplifier and I hen converted In 
the second IF frequency i llA'Z MHz i by the second 2.08-Grfe 
local oscillator in the second mixer. 

The second IF is converted to either dc or 20 kll/.. depending 
on the measurement mode, and then convened to a digital 
signal by the Hi-bit. 80-kHz analog-m-digital converter 
t ADC). The digital signal is transferred to the digital signal 
processor t DSP) chip. The DSP calculates vector ratio. FFT, 
logarithm, average (digital filtering), and display decimation. 
The video filters are also implemented in the DSP chip. 

First Mixer 

The characteristics of the first mixer in the HP 1396A sel the 
standard for almost all Ihe distortion and noise performance 
of the instrument's network and spectrum measurements. 
For this reason a lot of time and effort was put into the 
design of the first mixer. 

The input noise floor of the receiver is mostly determined hy 
the first mixer. The conversion loss is the most significant 
factor affecting the input noise. Distortion is another very 
important factor. Harmonic distortion is generated in the first 
mixer, while third-order iiiteniiodiilulioti distortion (1MD) is 
generated in all of the stages of the receiver. 



Step 
Attenuator 



SO 



a 



Inpul 
Multiplexer 



First 

Mixer 



First IF 
Filler 




>-<?1 




First LU 

2.05B5B1O 

3B5858 

GHz 



? asm 

GHi 



Second 
Mixer 



><& 



Second to 
208 GHz 



Second 
IF Filter 




21.42 

Mil/ 



Third LO 
21.42 or 
21.4 MHz 



Third 
Mixer 



>§ 



Third IF 
Filter 




Sample and 
Hold Circuits 



dc or 
2D kHz 




dc or 
20 kHz 



i~m 1 



Analug- 
to Digital 
Convener 



Digital 

Signal 

Processor 



Fig. i. Bkx h diagram "' the receiver for the HP4 196A rectoi network are l spectrum analyaei 



CPU 



©Copr. 1949-1998 Hewlett-Packard Co. 



| k inhi-i 1983 HewteU Pa kard Journal 



85 



Gain compression is also caused by the nonlineariiy ol 1 1 u 
mixer and ihe succeeding circuits. For a network analyzer. 
compression is a more frequently used concept than distor- 
tion, which is more commonly used in relation to a spectrum 
analyzer. 

Dynamic range is defined as the ratio of the maximum input 
level to the equivalent input noise floor. The lower the input 
level, the smaller the distortion and die compression become. 
The maximum input level is defined so thai the distortion or 
the compression is wilhin Ihe instrument s specifications. To 
uieel compression specifications, Ihe maximum Input level 
for die HP 43 Wi As first mixer is- lOrlBm. For two-tone input 
signals the maximum input level is -30 dBm to meet the 
third-order IMD specification of -80 dBc. 

Fig. L^ shows the conversion loss ol the first mixei and (lie 
input low-pass filler. The first mixer and other circuits, sue! i 
as the input attenuator. Die input switch, the low-pass filters, 
and the cables, make the total loss (sum of the insertion loss 
and Ihe conversion loss) about 9 dB to 13 dll The dielectric 
filter' right after the mixer gives another -1-dB loss before the 
signal is amplified by the first IF amplifier. The noise figure 
ol' the first IF amplifier and Ihe overall loss that accumulates 
before t lie amplifier sets the system noise floor for the HP 
430SA al -155 dBnVHz to -151 dBm/Hz. 

Two approaches can be used to make the dynamic range 
wider. One is to increase the maximum input level. The 
other is to reduce the conversion loss, that is, lower the 
equivalent input noise, The approach chosen Tor the first 
mixer in the HP 4396A was to reduce the conversion loss. 

It is well known that a double-balanced mixer has less eon- 
version loss than a single-balanced mixer. However, HP had 
never made a double-balanced mixer in this frequency 
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Fig. 2. Conversii n i Iom uf ilu- ilijiiliii--li:il;nn-rri first mixer and 'h> 
input low-pass filter. The dotlhle-baianteil mixer design reduces the 

conversion loss and consequently increases die sensBivttj i lowers 
the noise Boor)ofthe HP 439 
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Fig. 3. Schematic diagram of the Brsl mixer 

range. This is because the complexity of a double-balanced 
mixer makes ihe second-order harmonic distortion and the 
LO feedthrough worse than a single-balanced mixer, which 
has a much simpler configuration. 

Implementation of the First Mixer 
Regardless of the complications, we put our efforts into im- 
plementing a double-balanced mixer with low second-order 
harmonic distortion and low LO feedthrough. We designed 
the mixer so that it has complete electrical ami physical 
symmetry. 

Two points about second-order harmonic distortion and 
the LO feedthrough characteristics of double-balanced 
mixers are: 

The common-mode component of the LO signal going into 
the mixer diodes should be removed completely lo reduce 
second-order distortion and LO feedthiough. 
Balance of the LO signal is obtained by the physical symme- 
try of the LO driving circuit if the even-order distortion of 
Ihe LO signal is thoroughly removed by other circuits. 

If the LO signal drives the mixer (diode ring) with perfect 
symmetry, which means there is absolutely no common- 
mode signal present, the residual cause of second-order 
distortion and |,( ) feedthrough is a lack of balance in the 
four mixer diodes. Our experiments showed that the main 
cause of distortion and LO feedthrough is not the mixer 
diodes, but the physical asymmetry of the driving circuit and 
the consequent LO unbalance. Thus, our efforts focused on 
getting physical symmetry. 

The schematic for I be first mixer in the HP 4306A is shown 
in Fig. 3, and its layout on the printed circuit board is shown 
in Fig. 4. The input RF signal, after going through the input 
low-pass filler, is split into two 100-ohm microstrip lines to 
two nodes (B and D) of the four-node diode ring. The LO is 
balanced by the first balun (Tl), and balanced LO signals are 
added to the RF input on die two 100-ohm microstrip lines 
by the other baluns (T2 and T3). The two signals being fed 
into the B and D nodes of the diode ring are V, r , + Vy.v"- and 
v in - v u A where V irl is Ihe input signal voltage ami Vjj > is 
the LO voltage 

The LO signal turns on one side of the diode ring {say. I '-A 
mid A-B) and the output voltage at Ihe center node A is V M| 
since -Vy /J. and -Vy /2 should he canceled at the center 
node according to ihe relationship above. When the other 
side of the ling (B-f and ( |i ) are turned on. the same Vj r 
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ii])[icjirs at Ilic other ivni.or nodi- « '. Finally, one or I lie two 
outputs (C) is connected through T-4 to the IF output nude. 
and the other inii|iin (At is inverted by T5 and connected to 
the tF output node 

The baluns Tl, T2. and T3 are marie with semirigid coaxial 
fable soldered on I he par I cm 'T"' , i r c I '['■> an- soldered mi I be 
two 100-ohm micrnstrip lines). Tl is made with narrow pat- 
ients on both side's of the board facing each other. T. r i con- 
sists of two balnns on the right and the Icfl sides of Tl hi 
maintain symmetry The invcried outputs ofTS (ground lines 
promoted to signal tines) arc connected to the IF output 
node. 

The operation of this circuit is typical for a dotible-bnbuned 
mixer Some important points to note aboul this circuit are: 
- The balanced L( ) on the RF inpul signal side should be very 
well-balanced so that the output doesn't have the LO feed- 
through component. Air unbalanced LO will turn on one of 
I he two diodes, causing second-order distortion. 
The i iiitpin should not. destroy the balance. One of the two 
output transformers (T5) is actually composed of two trans- 
formers in parallel to ensure good Symmetry, 

It was also found that gluing two pieces of microwave ab- 
sorber on Tl and 'i'-"i ori bulb sides of (lie board reduces ihs- 
iortjon and ]„< ) leedlhioiigli This is probably because the b< ) 
signal coining into T-1 and T- r i ibrongh air, which would 
cause an unbalance oMltc driving signal, is absorbed by the 
absorb) r material. 



These erf oris reduce second-order harmonic distortion to 

IchS than 70 dlic al .'iO-dHm input level :ind U I feeilthi'ollgh 
tn less than -15 dll from the maximum input equivalent level. 

First IF Amplifier Design 

Tire first IF amplifier is a GaAs FET amplifier with the ap- 
propriate impedance matching. It has a 17-dB gain centered 
al .2.0(4 01 Iz. 

The IF amplifier was designed using the HP Microwave 
I resign System ( Ml rS). which is a very powerful software tool 
for microwave design and simulation. Although the designers 
did not have a great deal of experience wilh the MDS, the IF 
amplifier was designed very quickly without any trouble. The 
short design time was accomplished wild 1 1 1»- prototyping 
system, which links the MDS data file with printed circuit 
board fabrication. This syslem allowed one-flay delivery of 
the prototype board, or in oilier words. I he simulated circuit 
became a printed circuit board the next day. 

First IF Filter Design 

IF fillers are used for three main reasons. One i.s to reject 
llie image frequency of lire second IF I sually, a bandpass 
filter is used for this purpose. Another is to remove all the 
higher harmonic products that arc generated in the first 
mixer. A low-pass filler is used for this purpose. The ihird 
reason is lo prevent J,( > feedlhrough and unwanted products 
of the first mixer from distorting llie IF amplifier, This is 
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solved by locating the bandpass filter mentioned above be- 
tween the first mixer and tine IF amplifier. The first IF block 
in the IIP 4396A is shown in Fig. 5. 

The image-rejecting bandpass filler is essential in a spec- 
trum analyzer. For example, the 2.05858-GHz first IF ninsl 
be converted down lu the second IF, 21.42 MH/., with the 
second LO al 2.08 GHz. The image frequency in this case is 
calculated to be 2.08 GHz + 21.42 MHz = 2.10142 SHz. If the 
image-rejecting filler were not in place, two signals would 
appear on the display 42.84 MHz away from each other. One 
would be real ami the other would be an image. The 2.10142 
GHz should be removed completely by the IF bandpass filter 
with 2.05858 GHz heing passed through. The requirements 
for die IF filter are very strict and had it not been for the 
high-Q dielectric filters, the IF filter stage could not have 
been built. Actually, two dielectric filters in series are used 
to reject the image. A major advantage of this design is that 
one conversion stage was omitted that would otherwise be 
necessary. This contributed greatly to lowering the cosl of 
the receiver design. 

A harmonic of the first LO (2.05858 GHz to 3.85858 GHz J and 
a harmonic of the second LO (2.08 GHz fixed) can mix to- 
gether to create a signal equal to I he frequency of the second 
IF (21.42 MHz). This will cause a residua] response. Fig. (i 
shows an example ol'a residual response caused by mixing 
the fifth and seventh harmonics from two oscillators. If the 
instrument is tuned to 857.704 MHz. the first LO is set to 
2916.284 MHz. The fifth harmonic of this is 14581.12 MHz. 
The seventh harmonic of the second LO is 14560 MHz. The 
difference of these two harmonics becomes 21.42 MHz. 
which would be detected as a fake signal. The fifth-seventh 
harmonic is just one of many harmonic combinations. 

This higher harmonic mixing mechanism is one of the main 
causes of residual responses. Since the possible harmonic 
numbers are up to infinity, isolation between the first mixer 
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and the second mixer is very important even at unused fre- 
quency ranges. Therefore, il is desirable that the first mixer 
and the second mixer be located on separate blocks. It is 
also necessary to insert a low-pass filter between the two 
mixers. Musi sped nun analyzers have an independent low- 
pass filter between the first mixer block and the second 
mixer block. 

The HP 4390A includes all of the filters needed to reject 
all fiiree of the undesired effects mentioned above on one 
board. A well-designed, multistage, low-pass filter and a 
low-cost, high-efficiency RF shielding method made I his 
possible. The resulting residual response in I he HP 43SI6A is 
-100 dBm for customer specifications and less than -HO 
dBm al production. The spurious response specification is 
-70 dBc. 

[F Detection 

The 21.42 MHz horn the second IF filter is converted to 
lower frequencies so it can be handled by the 80-kllz, l(i bit 
ADC. Depending on the instalment sellings, I here are three 
modes for IF detection: 

Dc sampling mode, which is used in the spectrum measure- 
ment mode for wider resolution bandwidths (RBWs ) 
FIT (fast Fourier transform) mode, which is used in the 
spectrum measurement mode for narrower RBWs 
Ac sampling mode, which is used in the network 
measurement mode. 

DC Sampling Mode. The components involved in providing 
the dc sampling mode in the HP 4396A are shown in Fig. 7. 
This mode is used during spectrum analysis with resolution 
1 andwidUis in the range 10 kHz s RBW < 3 MHz. In this 
mode, die signal from the second IF filter is sent to die two 
mixers shown in Fig. 7. The LO frequency for diis stage is t hi i 
same 21.42 MHz passing through die second IF filter. The two 
local oscillators have in-phase and quadrat tire-phase rela- 
tionships so diat the tw r o IFs in this section are the in-phase 
and quadrature components of the second IK 

The in-phase and quadramre components are sampled simul- 
taneously by the two saniple-a nil-hold circuits. The sum of 
the square of these two components is calculated by the 
digital signal processing (DSP) chip and then transferred to 
the CPU. The ( 'PI, ' detects the data as the input power. 
RBWs of 1 MHz and 3 MHz are shaped in the second IF stage 
(21.42 MHz) by bandpass filters, and RBWs of 10 kHz, 30 kHz, 
100 kHz, and 300 kHz are shaped by the swifehuble low-pass 
filters in the third IF section. 
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FFT Mode. Ihe values and behavior of components in the FFT 
mode are shimii in Fig. 8. This mode is used when the RBW 
is set between I Hz and ;J kHz. The FFT mode provides two 
great advantages ( >iu- is that I he digital FFT filter replaces 
the analog fillers for narrower RBWs. The analog filters 
would have required a very careful design and many precise 
adjustments resulting in a higher production cost. The other 
advantage of the digital FFT filter is the sweep speed The 
sweep speed is very fast because the FFT algorithm can get 
information over a 10-kHz band width at one time with I he 
desi.ed resolution, while conventional IF detection provides 
information at only one frequency at a time. The FFT 
method is described in more detail on page 90. 

Only one of the two mixers in Hie llunl !F section is used in 
the FFT mode. The Ihird U I is limed to 21.4 MHz so that 20 
kHz can be provided to the Ihird IF serin m. This IF actually 
lias a bandwidth of 10 kHz (15 kHz to 25 kHz ) lo provide I he 
wide information bandwidth fur the FFT mode. The 16-bit 
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Fig. H, Components Involved in providing the l-'FT mode for gpt ctr 

analysis with narrower RBWs. The effective information I luidih 

in this ii i.iiir i' 15 to 25 1 1 1;-:. The 1 SP i Itip does tht decimation and 
i FFT calt nI.iiimii 
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Fig. 9. Components invoh . mode 

sedbylhe! CP1 

. .uvl imaginary components of lii 

80-kSa/s ADC samples the signal corning from the third IF 
filter, and the DSP chip calculates the ITT. The CPU treats 
the data from the DSP as the pow-er spectrum of the input 
signal over the effective frequency range. To eliminate image 
and aliasing responses, a crystal filter is used at the second IF 
stage. Distortion products in the Llurd IF slage are eliminated 
by the [>0-kIIz low-puss iillei 

AC Sampling Mode. The ae sampling mode is shown in Fig. !(. 
When the instrument is configured as a network analyzer, the 
third IF section is set to 20 kHz using one of the two mixers 
in this section. With an IF bandwidth of 40 kHz (the fastest 
sweep) the ADC takes four data points to generate vector 
information as shown in Fig, 10. For narrower IF bandwidths, 
the vector data is averaged a nmnber of times corresponding 
to the selected IF bandwidth. The CPU receives the real and 
imaginary components of the2G-kHz IF signal. 

Unlike other spectrum analyzers, the HP 4396A doesn't 
have a logarithmic amplifier. As mentioned above, in-phase 
and quadrature detection or FFT methods are used, which 
eliminates the need for a costly logarithmic amplifier and 
various RBW bandpass fillers. The logarithm is calculated 
by the CPU after linear detection by the ADC. 

The traditional logarithmic amplifier method has the 
following disadvantages: 

• The logarithmic amplifiers linearity, which is worse than 
ihe instrument aim s, decides the system linearity of a 
spectrum analyzer. 

• Dc offset voltage at the output of I he rectifier limits Ihe 
instrtanent's dynamic range. 

• The logarithmic amplifier circuil is very complicated and 
i-Diiseijuenlly expensive. 

■ 






12.5 us 



- n« 



so us 



Fig. 10. Four data points are collected m the ai sampling mode to 

determine the real and iginarj partsofthi 20 kHzslgrail The 

samplt i «te is based on the 80-kHz 1 12.5-ns) AJDC 
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DSP Techniques for Digital D? 



The Motorola ZQ-MHz OSP580O1 is used for digital signal processing in the HP 
4396A vector network and spectrum analyzer. It processes the data coming from 
the 16-bit, 80-kHz ADC located in trie receiver section of the instrument It performs 

one-to-three-step 11 -Hz, 3-Hz. 10-Hz 3-kHz) RFJW filtering without any specific 

hardware or large memory banks. For each RBW filter, the 56001 decimates* the 
input data from the ADC performs windowing, FFTs, square summing [power), 
video filtering, peak detection, and level calibration. The 56001 is not fast enough 
to do the required decimation in real time. On the other hand, huge amounts of 
memory would be required to batch process real-time data In the HP 4396A, 
decimation is separated into two stages, with the first decimation stage processed 
in real time to decrease the memory volume for the data to he stored. To achieve 
this efficiently, several DSP techniques are used. 

In designing a DSP mechanism it is important to consider the number of FFT points 
i f\l I. the decimation factor (M), the FFT window, and the digital filter used for 
decimation In the HP 4396A, the Bemez exchange algorithm 1 is used in the design 
of the window function and the decimation filters. 

Spectrum Resolution 

Suppose the signal from the ADC has no images (all rejected), no aliases (anti- 
aliasing effectively applied), and the sampling frequency is t s An N-point FFT 
applied to the incoming signal to get its spectrum gives the following resolution 
bandwidth (RBWI 

RBW = kxVN II) 

where k is the 3-dB bandwidth factor el the window I'unctiuii Table I lists some of 
these bandwidth factors for different window functions. 





Table 1 




3-dB Bandwidth Factors 


Window Functions 




Bandwidth Factor 


Rectangle 




0,69 


Hamming 




1.30 


Fjlackman 




1.68 



If f 5 is constant and we want to ensure that the required RBW is wide enough, 
suitable values for k and N must tie chosen since the RBW is a function of these 
two variables, in the HP 4396A. a suitable power of two is selected for N and then 
a window with a suitable k can be designed 

Necessity of Decimation 

If a narrow RBW is required, according to equation 1 a larger N, a lower f s , and a 
smaller k would make it possible. However, a larger N needs more memory and 
the FFT coherent quantization error would be an important factor. We found 
through simulation that N = 4096 is the maximum limit to avoid this error in the HP 
4396A, and k cannot be less than four to meet the specification nl passband ripple 
for the window functions. 

Directly reducing f s in hardware is not feasible for the HP 4396A. Therefore, we 
digitally convert the sampling rate of a signal from the given f,, to a lower value 
f s /M. where M is an integer value called the decimation factor 2 Thus, 



RBW = k x (fs/Ml/N 



{2) 



Note that once the signal is M-to-1 decimated, the information bandwidth of the 
result of one FFT is divided by M Also, in the decimation process the appropriate 
anti-alias digital filtering should be performed before the M-to-1 sample rate 
reduction because the sample rate reduction generates aliasing M times. The 
execution time of a decimation is based on the filtering process. 



Ami-Aliasing 

/ Filter 




f 1 = f s /Ml 



(a) 



Aliasing 




f,/M2 = VIM1 x MZI 



Ibl 

f, ■ Sampling Frequency 
M1 = First Decimation Factor 
MZ = Second Decimation Facto i 



fi =tVM1 

h =t,/MZ = f s /(MtxMZ) 

!,, : Passband Edge 

l„ : Elimination Band Edge 



Fig. 1. Signal processing ami filter specification rot two-stags decimation, la) First-stage 
decimation (bj Second-stage decimation 



Two- Stage Decimation 

For the case in which the whole computation of the resolution bandwidth is done 
in batch mode using equation 2, the amount at data required to be stored is: 

M x N + L 

where L is the number of taps** of the digital anti-aliasing filler before decima- 
tion. This number is too large for hardware implementation. 

Decimation processing in real time could reduce the amount el memory to the order 
of M, but the 56001 cannot the finish the whole M-tD-1 decimation calculation in a 
sampling period (12.5 p.s = 1/80 kHz|. Therefore, we separate the decimation into 
two stages, that is, 



M = MlxM2. 



[31 



First, Ml-to-1 decimation is performed and then M2-to-1 decimation is performed. 
On the condition that the necessary anti-aliasing is peiformed in the second deci- 
mation stage, some aliasing can be accepted in the first decimation stage. This 
means that the necessary amount of anti-alias filtering can be much smaller in die 
first decimation stage. Therefore, the first decimation is performed in real time 
since the amount of data required to be stored is reduced to: 



MZxN + L 



(4) 



where M2 < M Fig." illustrates the concept of this two- stage decimation process. 

In the first decimation stage, the impulse response of the anti-aliasing filter is 
convolved with the signal, which is sampled with the rate f s . Only every Ml-th 
sample of the filtered output is saved. Consequently, the sample late is converted 
from E s down to h,, which is equal to (,/M1 Mote that aliasing occurs between f 8 
and f j - f e , but the effective information band (0 to f p | is not affected. 

In the second decimation stage, anti-alias filtering is performed and only every 
M2-th sample of the filtered output is saved. Consequently, the sample rate is 
converted from f, down to fj, which is equal to VM2 = f s /Ml/M2 In this stage, 
complete ami aliasing is required so that the range from f a to ft is completely 
eliminated by the filter 



Decimation in digital filtering is the process of digitally converting the sample rate ot a signal 
iron a given rate 1, in a Inwer rale f,', where I 



laps raters :o the nomber of coefficients osed in the FIR filter 
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Analog Process 



Real-Time Process 



H3tch Process 



, n.« 



f, = 80 kHz 




21.4 MHl 
Third LO 



Fig 1 i 



eip'ix2TxiZ0k.TOklx m 
= +l,+j.-1.-j. 



Direct FFT Path RAW a 100 Hi 



w jm) 
Window 
Function 



The passband width (2 x f p | of the filter is the effective information bandwidth of 
the FFT and the step width of the stepped FFT.* The wider this is, the fewer the 
FFTs for the same span, but the more difficult it is to realize anti-alias filtering In 
the HP 4396A. f„ is 75% of f 2 /2 

According to equations 3 and 4. a largei value of Ml (smaller value for MZ) can save 
more memory. In the HP 4396A. M2 is always two Table II shows the parameters 
used in computing the RBW 



Table II 
RBW Parameters 

100 



RBW 
(Hz) 


i 


3 


10 


30 


N 


4096 


409B 


4096 


1024 


Ml 


50 


16 


5 


5 


M2 


2 


2 


2 


2 


k 
(kHz) 


80 


80 


80 


SO 


h 

(kHz) 


O.BO 


2.5 


8 


8 


E6W 
[kHz] 


0.60 


1875 


6 


E 



300 



1k 



4096 1024 256 



80 



3k 



128 



10 10 



10 



N » Number nl FFT points 

mi m? = first and second decimation factors 

I - :.,m.i; i i . frequency 

f? > Second decimated sampling frequency (1,,/MI/Mz I 

EBW = FFT affective information handwidtli 

(75% x VM1/M2 for decimation, 10 kHz lot direct Iff) 

This two-stage decimation is performed in the signal processing section section ul 
the HP4396A, which is described below 

' See "High Sweep Speed at Narrow RflWs" on page 79 for a Uriel Btjei dipped 

FFT 




, 



Scallop Error 



1 



Negligible 
Scallop Error 




la) 

Fig. 3. t :! I ■■ 'i... i nt n-ung Ihe H,imiiiiin| Window I .Win it thai r acOfnpOTKffl el 

the input signal is (MM r.flntered «i the filler's shape, a portion of the signal's amplitude will he 
attenualed |a| Hamming passband filter shapes and the scallop error, (bl Using a window 
function with a flatter (flattop) passband reduces the scallop enn 



Signal Processing Block Diagram 

The signal processing block diagram in Fig 2 shows the three blocks involved in 
signal processing in the HP439GA. In the First block (analog process) the incoming 
signal is filtered and converted to digital format. In the second stage (real-time 
process) digital mixing and the first decimation are performed in real time Finally, 
in the third block (batch process), second decimation, windowing, and FFT are 
performed. For cases in which the RBW is equal to 100 Hz. 3D0 Hz. 1 kHz. or 3 kH; 
no decimation is required, so only windowing and FFT are performed. This direct 
FFT process is also indicated in Fig. 2. 

Crystal Bandpass Filter. This filter rejects the image responses and the aliases 

resulting from the frequency conversion that lakes place between the second IF 
121 42 MHz] and the third IF (20 kHz). "The passband width of this filter is ID kHz. 
which determines the step width of the stepped FFT when the RBW is 100 Hz. 
300 Hz. I kHz, and 3 kHz 

ADC. The ADC used in the digital processing loop is an Asahi-Kasei Co 
AK9202-VP jf 5 = 80 kHz). The output of the ADC is transferred into the 56001 
diractfy as 16-bit serial data. The 56001 has an on-chip serial interface and when 
data arrives from the ADC an interrupt occurs in the 56001 . The data is read and 
the necessary processing is performed by the DSP 

Digital Mixer. Digital mixing is used only when decimation is required Because 
f s = 4 x (third IF), actual digital mixing is a simple operation This mixing operation 
is complex mixing, so no unnecessary frequency shift is generated. Note that the 

mixed output signal is a complex signal 

Windowing. Because the passband width ot a window function is designed to be 
the same width as ihe FFT resolution lyN or f s /M/N). the scallop error of the 
window does not affect the level flatness of the HP 4396A (see Fig. 31 

In the design of a window function, not only the flatness {passband ripple men- 
tioned above), but also the elimination band ripple and the 3-dS bandwidth factor 
|k) are impurtdid 

Data simulation was repeated many times to satisfy the requirements for window 
functions 

FFT. In the HP 4396A, 128-, 256-, 1024-, and 4096-point FFTs are used 

Gain Adjustment. Because the 56001 is a fixed-point DSP chip, the coefficients 
of the window functions and the filters described have to he normalized to avoid a 
reduction of dynamic range. The gain of this normalization is adjusted alter the 
FFT process. 
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The in-pha.se and quadrature method has several advan- 
tages. A 16-bit ADC provides very good linearity and wider 
dynamic range at a lower cost. The drawback is that the 
detection speed is slow. This is because more ADC bits are 
necessary to gel the same wide dynamic range provided in 
logarithm-based detection. This slow speed especially affects 
the zero-span spectrum measurement for a rapidly varying 
signal. The HP 4396A uses repetitive sampling for faster 
zero-span sweep to make up for this weakness. 

System Performance 

Fig. 1 1 shows that the system noise floor for the HP 4396A 
at 100 MHz is -155 dBm/Hz. The stepped FFT method for 
narrower RBWs produces 20 to 100 times faster sweep than 
that of conventional spectrum analyzers. 

The scale fidelity (system linearity) of the HP 4396A spec- 
trum analyzer is much better than logarithm-based spectrum 
analyzers. This is one of the great advantages of using a lin- 
ear detection method. The most obvious difference is easily 
seen during a earrier-to-noise measurement, The HP 4396A 
shows more than 100-dB dynamic range while a logarithm- 
based spectrum analyzer has an obvious "bottom" because 
of the dr offset of the rectifier. Fig. 12 shows the difference 
for a spectrum measurement between the HP 4396A and a 
conventional spectrum analyzer. 

The frequency response of the third-order intcnnodulation 
distortion of the IIP 4396A is shown in Fig. 13. The low 
noise floor allows a measurement to be done easily and 
quickly. As shown in Fig. 14, intermodulat ion-distortion-free 
dynamic range is more than 100 dB. 

It should be pointed out that the time to display intermodu- 
lation distortion at the same level is much shorter for the HP 
4396A than other spectrum analyzers. This is because of the 
low noise floor and the FFT method with a dedicated DSP 
chip. Fig. 15 shows three different displays of-80-dB IMD 
taken from three different spectrum analyzers. The sweep 
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Fig. 11. The system noise floor for the HP 4396A is about ■ 

dBm/Hz at 100 MHZ. 



155 



Fig. 12. The difference in scale fidelity benvt'cn the HP 439GA and a 
I'liiivi'iiiinrifi] spectrum analyzer, (aj A dc offset oftfte rectifier is 
seen at about -95 dB in a conventional IctgsdtJtmic-based spectruni 
analyzer's display, (b) No dc floor is seen in the display of the 
HP 4396A, 

time of the HP 4396A is only 6.24 s (Fig. 15a) while a con- 
ventional spectrum analyzer like the HP 8568B takes 500 s 
(Fig. 15b), and even an FPT-based spectrum analyzer like 
the HP 8561E takes 53.3 s (Fig. 15c). 

Time Gated Measurement 

The HP 4386A has two advantages associated with time 
gated (pulsed RF) measurement. First, the synchronous 
sample-and-hold detection method can make a time gated 
measurement with 2-us resolution. Second, the digitally im- 
plemented video filters can filter the displayed signal even 
though the input pulse width is shorter than the response 
time of the video filter. 
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Fig. 13. Frequency res| .* third-order 1MD. 

The 80-kIIz ADC in the HP 4396A might seem to be unable 
to catch a 2-f.is pulse width. However, synchronization oflhe 
sample-and-hold circuit and the ADC to an external trigger 
can make it possible. Some logarithm-based spectrum ana- 
k sera can catch a fairly narrow pulsed signal because they 
have an ADC with less resolution (fewer hits), which runs 
faster. However, they cannot provide level linearity because 
of the logarithmic amplifier. 

I'll" synchronization technique mentioned above provides 
narrow -pulse \',V measurement with good linearity. Many 
applications of pulseoVRF measurements ate carrier-to-noise 

measurements. If the signal-to-noise ratio is HO dB. then the 
reliability oflhe value 00 dB depends on the linearity of the 
detector. The HP 4;~J96A typically has only a 0.3-dB linearity 
error in t his case. 
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Fin. 17, The input signal for the results shown in Fig, 16 

The video filters implemented in the DSP chip created a new 
opportunity for time gated measurement. Conventional 
spectrum analyzers have analog video filters. An analog filter 
has a settling time. For a conventional spectrum analyzer to 
take the data on pulsed-RF signals with a video filter, the 
pulse width of the input signal should be longer than the 
settling time of the video filter. 

The HP 4396A has digitally implemented video filters that 
don't require any settling time. Only the RBW filter needs 
some delay. Fig. 16 shows the measurement results for a 
pulsed-RF signal with a pulse width of about 80 us with a 
repetition interval of 10(1 [IS (Fig. 17), Fig. 16a shows a normal 
pulsed-RF measurement with the RBW filter set at 100 kHz 
without video filtering. Fig. I Lib shows the situation in the 
HP 4390A in which a ;i-kl Iz video filter is used with the same 
100-kifz RBW filter. 



(bl 

Fig. 16. An example of tin ■ i'Mpj^vcmenl in measurement results 
provided by digital video filters, (a) A time -gated {pulsed-RF) mea- 
surement of a pulsed input signal with 80-jis pulse width and a 
loii-us repetition interval without video (inuring. n>.) The 3-kHz 
video fitter smooths the displayed signal even though the input pulse 
width is 80 fis. 
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A Fast-Switching, High-Isolation 
Multiplexer 

A three-channel multiplexer with 140-dB isolation between channels, fast 
switching transient settling time, steady low return loss, and low noise 
and distortion provide the front end to the single receiver of the HP 4396A 
network and spectrum analyzer. 

by Yoshiyuki Yanagimoto 



To provide a three-inpnt-port measurement capability to one 
receiver, a high-isolation, high-speed multiplexer is imple- 
mented at the front end of the HP 4396A network and spec- 
trum analyzer. Tins solution gives the best, cost/performance 
trade-off. 

A network analyzer measures the transfer function or reflec- 
tions from a DL'T (device under i est j as ;t function of fre- 
quency Another way to define what a nelwork analyzer does 
is tn s;n that ii measures the vector ratio of the transmitted 
or reflected signal relative to the source ( incident ) signal, hi 
the setup shown in Pig. 1, since the internal source is used 
to stimulate the D1JT, the receiver is easily tuned to the 
same source frequency. In this case, the first IF can be lower 
than the input frequency because there's no need to reject 
an image response. For example, the HP S751A, which is a 
5-Ilz to 500-MHz network analyzer, uses about 1.5 MHz as its 
first IF. 

Three, or at least two, measurement channels are necessary 
to get an accurate vector ratio (e.g., A/R or R/R, where A and 
B represent the measurement signal and R represents the 
reference signal). Fig. 2 shows an input configuration with 
three independent ports. Most existing network analyzers 
have this input configuration. 
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Fig. 1, a measurement setup in whi f> thesoun e to the OUT and 
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source 
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First LO 
Fig. 2. The Input porl configuration fora typical network anal 

A spectrum analyzer has to be able In receive an unknown 
signal anil identify the frequency ofthe signal. Most RF 
spectrum analyzers use an IF that is higher than the input 
frequency range to separate I he input frequency from the 
image frequency. In general, a higher frequency requires more 
expensive parts and a heller RF shield, and consequently, 
higher prod net ion costs. 

To design a network and spectrum analyzer having three 
independent receivers with a spectrum analyzer configuration 
would liol be the best solution because such an instrument 
would cost three times more. 

Network Analyzer 

Because die HP 4396A has only one receiver, a three-channel 
multiplexer at the front end ofthe instrument is necessary 
to make three-channel network analysis possible (Fig. :(). 
Time division multiplexing is used to measure signals from 
these three channels with a single receiver 
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Fig. S. Iii|nii. multiplexer design to provide network and spectrum 
analysis in the HP 4396A. 

Rg, 1 and the list below show an HP 4396A measurenient 
sequence for die fastest vector ratio (A/R) measurement with 
an IF bandwidth of 40 kHz. For a narrower IF bandwidth, 
more time would be spent ai each step in the sequence. 

A time division network analysis measurement sequence 
includes the following internal steps: 

1. Set the first local oscillator synthesizer to the measurement 
frequency. 

2. Wait 100 us for the synthesizer to settle. 

3. Determine the IF gain for the R channel (this takes On us). 

4. Measure the R channel (50 us). 

5. Switch the input of the multiplexer I o the A channel 

6. Wait 50 us for the transient to settle. 

7. Determine the IF gain for the A channel (50 (is). 

8. Measure the A channel (50 us). 

&, Compute the A/R vector ratio in the DSP chip. 

10. Repeat steps 1 through 9 for the next frequency. 

The fast settling time of the synthesizer is essential for this 
type of measurement because any residual frequency error- 
will become a measurement error. The multiplexer switch- 
ing time is also very important. Any switching transient 
would cause a measurement error. Any leakage between 
channels is also transferred to a measurement error and 
limits the dynamic range. 

From the sequence above it is clear that a fast-setding local 
oscillator and a high-isolation multiplexer are the keys to 
time division network analysis. 

A frequency error is not a problem for a simultaneous net- 
work analyzer because all the input channels have the same 
frequency error, which is very easily canceled. 



100 lis to; 
Synthesis 



50 us lot 50 lis for 

R Channel Preranging Nexi 

Frequency 



L^J 



MS 



100 



200 



300 



50 (is fur 50 ms for 50 lis for 

Preranging Switching A Channel 

Fig. 4. Tin? fastest A/R measurement sequence of the HP 439GA. 
The fastest measuremeffl time Is 350 (is per point 



Input Multiplexer Design 

The important specifications of the input multiplexer for the 
HP 4396A include: 

> 140-dB isolation between channels. This is directly reflected 
in the dynamic range of the overall instrument and is con- 
sidered the most important specification. 

| Less than 50-us switching transient settling time for a 
-100-dB input. The dynamic range of the fastest measure- 
ment (IF bandwidth = 10 kHz) is about 1)5 dB and the waiting 
time is 50 us. The effect of a transient should be negligible 
in 50 [is. 

Less than -40 dB for the return loss variation when the 
switch position is changed. The input return loss varies 
slightly because the switch is lurried on and off during the 
measurement. This slight change has an effect on the dy- 
namic accuracy and consequently the measurement accuracy 
after calibration. Tire effect should be within the specifica- 
tion of the dynamic accuracy (0.05 dB/0.3°). 
Low noise and low distortion. The Full-scale signal-to-noise- 
floor ratio should be wider than that of the rest of the re- 
ceiver. This was achieved without great difficulty. 
IvOW cost and high nianufacturability. As is always true, the 
less expensive the better if the performance is kept the 
same. The multiplexer in the HP 4396A uses a surface mount 
process. This process kept our production costs low. 




Out 



Fig. 5. .Simplified diafflam of the HP43S6A input multiplexer 
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Fig. 6. ircuit prov : : 

isolation effidci 

Implementation of the Multiplexer. Fig. 5 shows a simplified 
schematic of the multiplexer The switching tierce is made 
of surface mount p-i-n diodes manufactured by HP. To re- 
duce production cost and increase manufacturability. a sur- 
face mount process was desirable. The on resistance of this 
diode is about 2.5 ohms and the off capacitance is about 1.1.3 
pF The diode has a bonding inductance of about 1 nH. A 
series-shunt type of switching was considered first (Fig. 6), 
but it lurned out that the off efficiency (how many dB of 
isolation can be obtained per diode) was poorer than the 
finally chosen capaeitive divider type (Fig. 7). In the HP 
4396A there are six diodes per channel- 
When a channel is on, all six diodes are turned on and the 
path forms a low-pass filter whose cutoff frequency is about 
1.1 < diz. When a channel is off, the diodes are turned off and 
can be considered capacitors. Since the off capacitance of 
the diode is about 0.3 pF and the capacitance of the pattern 
is about 1:'j pF, an isolation of about 10.4 dB is obtained at 
each stage of the capacitive divider. The six stages give a 
hital isolation of about I ItidB 

Although eight stages would have achieved the 140-dB re- 
quirement, a 24-dB pad was placed at the R (reference) 
channel input instead. This decision was based on cost con- 
siderations, board size, and customer needs For most of the 
possible applications of the instrument, 140-dB isolation is 
really not needed. Applications in which 140-dB isolation is 
required are primarily in the area of filter measurements. 
Fig, 8 shows a case in which a filter with 140-dB isolation is 
measured. To make this measurement correctly, the leakage 
through the R channel into the receiver (which is measuring 
the A channel) should be at. least 110 dB lower than the inci- 
dent signal into the R channel, A 24-dB pad in the H channel 
added to the 1 113-dB switch isolation gives the required 
140-dB isolation. 

This method sacrifices high-gain amplifier measurements. 
For example 1 . Fig. 9 shows the measurement of a 140-dB 
iiniplilier. The leakage through the A channel is 48 dB larger 
than [he desired It channel signal This means this amplifier 
eaurioi be measured correctly. Only up to 92-dB gain can be 
measured. Since the possibility or having such a high-gain 
amplifier as a I >IT is far less than t hat of an isolation device 
such as a filter, the 24-dB pad at the R channel is considered 
a belter solution than any other. 






Fig. 7. i Japaritive divider type diode switch This circuit provides 
bettei isolation efficiency. 
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Fig. 8. An extra pad at the R channel makes 140-dB filter measure- 
ment possible. 

Fig. 10 shows the HP 43!')6A multiplexer board. N-type con- 
nectors are directly connected to the hody of the multiplexer 
These connectors appear at the front panel of the instrument. 
This way, the production cost is lower compared to the case 
in which three cables are needed to connect the multiplexer 
to the front -panel connectors. This configuration also elimi- 
nates the degradation of return loss that would be caused by 
fxt ra cables, 

Low-Transient Design. Specifications require that any tran- 

sieul should be settled in "id us. The higgesi eanse i >f a tran- 
sient spike is the switched current source that drives the 
■ I! diode -v, itches (Fig 1 1 1. The circuit ^ carefully de- 
signed so that all the current sources have the same value 
and are switched at the same lime. This way, during the 
switching process, the output pon maintains a constant dc 
i ullage (or at least has (he smallest possible voltage 
change). 
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Leakage at -116 dH Is 
Equivalent In -92 dB in the 
■ /T R Channel 

6^ 
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R A B 
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Fig. 9. Measuremem ofa high-gain amplifier ( 140 dB). The leakage 
ihnxwti the A channel Is 48 dB larger Hum the desired R-channel 
signal Thus, the amplifier cannot be measured correctly becau 
in. extra pad at the it i hannel. 



i n toiler WlWIIewleii-l'aekaril Journal 97 



©Copr. 1949-1998 Hewlett-Packard Co. 



Our 







N-Type 

Connectors 



Fig. 10. Tin- HP 4396A multi- 
plexer board, showing the six 

■I ides ;i;-Mn-i;i(i'il with one 
channel. 



To prevent temperature drift, all the current sources are 
always active regardless of whether the channel is on or off. 
The switch only selects wliich node the current source 
should be connected to. This way, the temperature drift 
caused by the multiplexing sequence is kept around 0.005 dB. 




Point of 
Constant Voltage 



{ O Out 



Fig. 11. The p-i-n diode switches i if the multiplexer are driven \>\ 
switched current sources. All the switches have been designed to 
switch simultaneously to reduce switching transients. Remember 
that there are six diodes per channel. Therefore, each diode in the 

schematic represents three (HodeS. 



This drift is mainly caused by the diodes' on resistance 
when the diodes are healed. 

High-Isolation Shielding Method. To gel high isolation for low 
cost, an aluminum casting is used. This casting is solder- 
plaled to prevent corrosion. Au, Sn, and Ni platings were 
also tested None showed any degradation after a super-soak 
test, while bare aluminum showed excessive degradation. 
Solder was chosen because of its low cost. 

All I he dc signals, such as those coming from power supplies 
and control lines, are sent through feedthrough capacitors. 
All Hie other RF boards in Hie HP 4390A use surface mount, 
filter capacitors, bul the requirements for the multiplexer 
w r ere too strict to allow a surface mount capacitor filter to 
be used. 

Tin-- 1 lOttorn of the board and the bottom of the shield casting 
must be Hat to gel such high isolation. 

Input Return Loss Consistency. Any change of the input rebirn 
loss will cause an error in the dynamic accuracy, which is 
specified to be less than 0.05 dB in amplitude and 0.3° in 
phase. The input return losses of normal network analyzers 
with Ihree independent input channels are constant during 
measurement because there is no switch at all in the hour 
end. However, since the HP 4396A has to switch input chan- 
nels, there is a slight change of input return loss. This de- 
grades the dynamic accuracy slightly, but the degradation is 
small enough for 1 he dynamic accuracy specification to be 
the saute as other network analyzers. 

Fig. 8 shows the circuits that were implemented to reduce 
Hie return loss change. A 50-ohm dummy load is located at 
each input. This was not enough to eliminate the measure- 
ment error, so a fi-dB pad and a buffer amplifier are inserted 
between the input connector and the switch for I he A and 
I he B channels. 
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Fig. 12. Three phase-locked loops are used to reduce tin- phase 
noise uf the \ ' ' ' 



Fast-Settling Local Oscillator 

As was shown in Fig. 4, t.hp synthesized local oscillator 
should be settled within 100 nis. 

Most spectrum analyzers use a YIG oscillator as the first 
local oscillator. A YKi oscillator is tuned by a magnetic field 
induced hy a large current, flowing in a large inductance, on 
the order of I H. Therefore, driving a Vl< i oscillator and 
getting it settled within 100 ms is very difficult 

An altemal ive oscillator, a VCO (voltage-controlled oscilla- 
tor), was chosen for the IIP 43M5A A VC( ) is tuned by a volt- 
age rather than a current. It can be tuned very quickly so 
that the main phase-locked loop bandwidth, which includes 
the VCO, can be set to 1 MHz. The major drawback of a V< < I 
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Fig. 13. f-A'-ri the fastest sweep (380 (asffoolnt I provides 
dynamic range. 
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System Noise Floor 
Is around -130 dB 

Fig. 14. The widest dynamic range is more than 120 dB. 

is its phase noise. This level of phase noise is negligible for 
network measurement but not for spectrum measurement. 
Most oT our effort was put into reducing phase noise. Three 
phase-locked loops (Fig. 12) reduce the overall phase noise 
to a level equivalent to a YIG-based oscillator. 

To generate an arbitrary frequency, digitally-corrected 
fracltonal-N technology 1 is used in one of the loops. Tliis 
loop has the narrowest bandwidth ( 10 kHz) and its time con- 
stant is about 15 us. The settling time of the first local oscil- 
lator is determined by this loop (the main loop bandwidth is 
1 MHz). We have found through experiments that ten times 
the lime constant, or 150 ms (100 ms before the preranging 
sequence and 50 ms before the real measurement starts) 
provides adequate settling. The frequency error and the O m- 
sequent phase-measurement error caused by the residual 
frequency error (the frequency not perfectly settled alter 
150 ms) has been verified to be within the instrument's spec 
ideation. The performance of the Hi' 43!i!iA is ;\s good a.s 
other simultaneous network analysers. 

System Performance 

The measurement of a dielectric filter for a cellular phone is 
shown in Fig. 13. The instrument was set to the fastest 
sweep with ;ui IFBW (intermediate frequency bandwidth) of 
40 kHz. The A/R measurement was made at 350 us per point. 
The wide dynamic range of the receiver provides a 05-dB 
dynamic range even for such a fast measurement. 

Fig. 1-1 shows the widest dynamic range. A 21.4-MHz crystal 
filter is the PIT. The displayed dynamic range is well over 
120 dB and this measurement was clone in only 40 s. 

Reference 

I. B. L McJuilkin, "Frartional-N Synthesis Module," Hrwlrtl- 
Pockwxt Journal, Vol. in. no. 6, < tetober 1989, p. 28. 
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A 10-Megasample-per-Second 
Analog-to-Digital Converter with 
Filter and Memory 

In addition to analog-to-digital conversion, the HP E1430A addresses 
the problems of gain ranging, anti-aliasing protection, frequency band 
selection, triggering, data buffering, and multichannel synchronization. 

by Howard E. Hilton 



The Hewlett-Packard E1430A is a VXJbus-based analog-to- 
digital converter fADC) module containing a high-dynamic- 
ra.nge, "ilj-bit-resolution, 10-MSa/s (megasampie-per-second) 
ADC, a family of octave-spaced anti-aliasing filters, a com- 
plex frequency shifter, and a 4-MSa FIFX3 buffer memory. It 
is designed to provide maximum performance and flexibility 
for capturing a band-limited continuous analog signal in a 
formal compatible with digital computers. 

According to Nyquist*s sampling theorem, any signal con- 
fined to a finite frequency bandwidth can be completely 
represented by a sequence of discrete samples laken at a 
rate of at least twice the signal bandwidth. If we are inter- 
ested only in a finite time segment of the analog signal, all 
the necessary information is contained in a finite number of 
these samples taken from the appropriate segment of the 
sequence. In the absence of additive measurement noise we 
could theoretically represent the signal with infinite preci- 
sion, although tltis would require infinite precision for each 
discrete sample. However, all analog measurements have 
some level of additive noise, which limits the amount of 
signal information available. Therefore, it is only necessary 
to store each sample with sufficient finite precision to retain 
the available signal information in the presence of the 
additive noise. 

In other words, it is theoretically possible to completely 
determine a finite time segment of a bandlimited analog sig- 
nal, to the extent allowed by additive measurement: noise, by 
collecting a finite number of finite-precision samples of the 
signal. To maintain complete generality in capturing such a 
signal, the signal bandwidth, center frequency, start, time, and 
time duration should all be independently specifiable. The 
HP E 1430 A offers a wide range of independent choices of all 
of these parameters while guaranteeing that the sample rate 
and data precision are sufficient to characterize the signal. 
The HP E14S0A also minimizes the amount of additive mea- 
surement noise to preserve as much signal information as 
possible. 

The HP E1430A is much more than an analog-to-digital con- 
verter. It also addresses the problems of gain ranging, anti- 
aliasing protection, frequency band selection, triggering, 
data buffering, and multichannel synchronization. 



Module Description 

The IIP E1430A is implemented as a single-slot, C-size VXlbus 
module, »** as shown in Fig. 1. The primary analog connec- 
tions are the three BNC connectors on the front, panel, which 
are for the analog input signal, an external clock, and an 
external trigger. The four SMB connectors on the front panel 
provide the capability of sending synchronizing signals from 
one VXlbus mainframe to another mainframe containing 
additional HP E1430A modules. 




CMOk-n-. 

$ 

I 9 



Fig. 1. HP E1430A analog-to-ciigital converter module. 
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Fig. 2. Block diagram of the HP E1430A ADC module. 
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Hie rear panel contains the srandai'd VXIbus connectors, 
which are used for programming and reading data front the 
module. The HP E 1430 A complies with the VXIbus register- 
based protocol. Status lights are provided to indicate when 
the module is being accessed via the VXIbus backplane or 
when the input range is exceeded, producing an overload in 
the ADC. 

Fig. 2 shows a functional block diagram of the Hi' E1430A 

module. 

Analog Signal Conditioning 

It is common practice al audio frequencies to provide high 
impedance balanced differentia] inputs for ADC modules. 

However, maintaining good livi.iu.ei icy response In a band- 
width of 4 MHz requires Hie use of a terminated transmis- 
sion line lo drive I he iitpiil. The HI' K14:!!rA uttplciueuls a 
50-ohm pseudofloaiing input as shown in Fig. 3, The cable 
ground is isolated from chassis ground by BO "Inns in paral- 
lel with a (1.04-u.F capacitor. This is sufficient impedance to 
break up low ■■frequency ground loops, maintaining the key 
benefit of a differential input. At high frequencies where 
ground loops are no longer a problem, die 0.04-uF capneinn 
shorts out tiie common-mode signal, reducing the imparl of 
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common-mode feedthrough at high frequencies. The resistor 
damps out resonances of the input cable inductance with 
the cable-to-chassis capacitance. 

Diodes are placed between the gn mnds to protect against 
damage and I o satisfy safety concerns arising from liigh 
common-mode voltages. The result is an input termination 
that maintains good flatness to 4 MHz, suppresses low- 
frequency ground loop pickup, reduces high-frequency 
common-mode feedthrough. and eliminates unsafe high 
common-mode voltages, 

( Ipening SI under program control causes the input signal 
to be ac coupled through a 0.2-uF capacitor. This makes 
possible the measurement of low-level ac signals in the pres- 
ence of a large dc offset. Programming S2 to the grounded 
position provides a 0-volt reference so that the offset DAC 
can be programmed to eliminate any dc offset in the input 
amplifier, 

The gain or attenuation of the input amplifier is program- 
mable in 6-dB steps so l hat sinusoidal input signals ranging 
from -32 dIJm to +28 dBnt can be scaled to produce a full- 
scale sine wave al the ADC, The noise added to the signal by 
i he 1 1 P I-; 1 430A is -130 (IB/Hz relative to full scale < dHfs/Hz) 
for the -14-dBm and higher ranges. It is -128 dBfs/Hz for the 
-20-dBm and lower ranges. This represents a 11-dB noise 
figure in the -32-dBm range. Most ADC modules have fixed, 
high-level input ranges requiring the user to provide low- 
noise external amplification. 

Anti- Aliasing Filter 

Since the normal ADC sample rate is 10 MHz, a complete 
representation of the input signal can be achieved only for 
ha rid widths up lo 5 MHz. To eliminate the possibility of 
higher-frequency components causing ambiguous results ;i> 
a result of aliasing, all signal components above 5 MHz need 
to be removed before sampling occurs. The analog anti- 
aliasing filter in the HP E 1430 A is flat to 1 MHz and rejects 
signals above li MHz by at least 110 dB. Thus the 0-t.o-4-MHz 
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frequency range of the sampled signal will be alias-free. The 
analog filter transition hand from i MHz to 6 MHz affects the 
flatness and allows some aliasing in the .sampled signal fre- 
quency range of 4 MHz to 5 MHz. In some applications a 
complete, unambiguous representation of a continuous sig- 
nal may not be necessary, or the user may have additional 
information about the signal to allow a valid interpretation 
of the aliased components, In those cases anti-aliasing filter- 
ing may not be necessary, and the analog filter may be by- 
passed. This programmable mode allows the user to take 
advantage of the full 20-MHz sampler bandwidth. The anti- 
aliasing filler bypass mode should be used with caution and 
is nol recommended for normal operation. 

Sampling ADC 

The heart of the IIP E1430A is a precision ADC that gener- 
ates 23-bit outputs at sample rates up to 10.24 MHz, The 
amplitude resolution is far in excess of the converter's analog 
noise. Thus, the effects of finite quantization levels can be 
completely ignored, leaving the main error mechanisms, 
which are random white noise and linearity errors. For each 
sample the random error has a Gaussian amplitude distribu- 
tion with an rms level of -70 dB relative to a lull-scale sine 
wave. The random error for each sample is essentially un- 
correlated with previous samples, meaning thai I he spectral 
energy of the noise is uniformly distributed across the 5-MHz 
Nyquist band. Therefore, the noise can be expressed as -137 
dBfs/Hz. Willi the input amplifier noise included, the overall 
HP E1430A noise level is -136 dBfs/Hz (-128 dBfs/Hz for in- 
put ranges <-20 dBm). This low noise density is compara- 
ble to the best available ADCs al any sample rate. 

In many applications, random errors can be filtered, aver- 
aged, or otherwise processed to reduce their impact on the 
final result. In these applications the deterministic signal- 
related errors — that is, distortion components — may limit 
the resulting accuracy unless they are significantly lower than 
the -70 dB broadband noise level. 'Hie HP E1430A achieves 
distortion errors of ^80 dBfs to -1 10 dBfs depending on the 
level and dynamics of the applied signal. The graph shown 
in Fig. 4 shows the worst-case harmonic level for sinasoidal 
inputs of various levels and frequencies. This distortion per- 
formance is considerably better than traditional ADCs in the 
10-MSa/s class. 

A more complete discussion of ADC errors and how the HP 
E1430A minimizes them is given in the article on page 105, 




-15 -10 -5 fl 

Input Signal Level (dBfs) 

Fig. 4. Harmonic distortion as a tonctkm of Inpal level and frequency, 

Zoom and Decimation Filtering 

For changing the signal bandwidth and center frequency, (he 
IIP E1430A provides a complex frequency shifter </.i initi ) ;md 
a complex low r -pass filter. Both functions are implemented 
digitally with proprietary Hewlett-Packard high-speed ICs to 
achieve real-time operation. A block diagram of the digital 
signal processing is shown in Fig. 5. 

The local oscillator general es cosine and sine waves with 
spurious components smaller than -1 10 dBc and frequency 
resolution better than 10 uHz. These are then multiplied by 
the incoming signal to produce the real and imaginary com- 
ponents of the down-converted complex baseband signal. 
The complex baseband signal is then filtered to the desired 
bandwidth by separately filtering the real and imaginary 
components. 

Bandwidth choices are provided with a cascaded chain of 
digital low-pass filters, each of which reduces the bandwidth 
by a factor of two. With the ADC sample rate, f s , set to the 
standard internal 10-MHz rate, the available bandwidth 

choices are ±5 MHz. +2.5 MHz ±0.149 Hz around the 

programmed LO frequency. Kach of the filters has +0.35-OB 
amplitude flatness to 75% of its indicated corner frequency 
and has > 105-dB rejection for signals above 125% of its indi- 
cated corner frequency. Because of tire sharp cutoff, the 
time-domain step response of the filters has approximately 
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Fig. 5. Zoom and decimation filtering. 
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20% overshoot. Also, since the filters are not linear-phase, 
the time-domain impulse response is not symmetric. In lime- 
domain applications where overshoot and/or impulse re- 
sponse symmetry are important the user can apply additional 
signal processing to achieve the desired filter response. Al- 
though the HP E1430A does not include this compensation 
filtering, all the necessary signal information is preserved to 

fnplish it within a host computer or signal processing 
module. 

Once the signal bandwidth is reduced below ±f y -'4 the sam- 
ple rate is also reduced by a factor of two in each filter 
stage. Thus, each filter output is generated with a sample 
rate of four limes the nominal cutoff frequency. This is suffi- 
cient to avoid any aliasing within tin* filter passband and 
transition band. The user can program an additional factor- 
of-two sample rate reduction to get an output sample rate of 
only two times the nominal filter cutoff. This is still sufficient 
to avoid aliasing within the passband. but the transition 
band will not be fully alias-free. This additional decimation 
is useful in applications such as FFT-based spectrum analy- 
sis, where the lower sample rate is beneficial but transition 
hand aliasing is not of concern. 

The data multiplexing block can be programmed to oulpul 
only .samples from a particular filter or to multiplex the oui- 
puts of all of the filters beyond a selected one. In the multi- 
plexed filter mode each output sample is tagged with a num- 
ber 10 indicate from which filter it came. This mode is useful 
in file implementation of 1/N-octave analysis algorithms. 

The real and imaginary components are each computed h 
32-bit precision to preserve the processing gain provided in 
the narrowband filters. Thus, each complex output sample 
contains (>I bits. Whether or nor all these bits ;uv stored in 
memory can be programmed in the data formatting block. 

Data Formatting and FIFO Memory 

The HP El l: HI A can be programmed to save only the real 
component of the signal or to save the complete complex 
signal. The data precision can be set to 16 bits or 32 bits. 
Thus, each sample occupies from two to eight bytes of 
memory. The data formatting block packs the selected data 
into 64-bit words, which are stored in I he FIFO memory. 
Since the standard FIFO depth is LSI words (8M bytes j. it is 
possible to hold op to4M samples in memory al one lime. 

The memory can be configured either in block mode or in 
continuous mode, hi block mode, data collection initiated by 
a trigger proceeds until a specified block length is captured. 
The measurement is then paused so that the data can be 
read out. Before a new block can be collected, the module 
must be rearmed and triggered again. This mode is useful in 
capturing single transient events or whenever the output 
data rate is loo high in lie read and processed in real time. 

hi the continuous mode, data collection is initiated by a 
trigger and continues as long as the FIFO memory does in >t 
overflow. Data can be read out of the memory while the 
measurement is in progress. If the reading of data is suffi- 
ciently fast dien the memory will never overflow and the 
me isuremen! will continue indefinitely. If the memory 
should ever overflow then the measurement will slop and 
wait until data is read out, the measurement is rearmed, and 
a new trigger occurs. This mode of operation is useful for 



real-time applications that employ a high-speed signal pp i- 
cessor to read and operate on each sample of data. The deep 
FIF' > memory allows the consumer to read the data in 
bursts to accommodate pauses for such things as disk 
access times or block mode computations. 

The effective trigger time can be offset from the actual trigger 
by programming a trigger timing offset. The prerrigger 
offset is limited to the physical depth of the FIFO memory. 
The post-trigger offset is limired to 2-' 1 samples 

Data Output 

The output data from the FIFO memory can be directed to a 
VXIbus register or a high-speed local bus. The YXIbus register 
can be read by any controller compatible with the VMEbus 
standard. The memory is unpacked from the 04-bit memory 
and sent to the Hi-bit register as four separate words. Al- 
though this mode provides compatibility with a broad range 
of controllers, it limits the data How to approximately 4 
Mbytes/s. The local bus mode supports data transfers over a 
high-speed 8-bii ECL bus to an adjacent module (to the 
right) in the VXIbus mainframe. The HP EiiiJOA can output 
data over the local bus al rates up to 80 Mbytes/s, This mode 
requires the use of a consmuer module that supports Hewlett- 
Packard's ECL local bus protocol. The protocol accommo- 
dates multiple adjacent IIP EI4;H)A modules sending data to 
a single signal processor module such as the HP E1485A. In 
addition to the increased data rates, the local bus mode al- 
lows output data to flow concurrently with control traffic- 
over the standard VMEbus backplane. This can simplify the 
design of real-time signal processing systems that require 
interactive control. In both of the data output modes the 
samples must be read out sequentially, beginning with the 
sample following the effective trigger. The IIP B1430A does 
not support random access or memory-mapped access to 
the data. 

Clock and "Digger Generation 

Normally the ADC clock is produced by a 10- MHz crystal 
oscillator inside the clock generation block. However, for 
applications requiring a customer-supplied sample clock, 
the IIP E1430A can accept an external TTL clock signal at a 
front-panel connector. The ADCs of multiple HP EI-MOA 
modules can be synchronized by programming them to use a 
common ECL clock line on the backplane. One of the mod- 
ules c;in then be progranuued as the clock master thai drives 
this line. For systems involving more than one VXIbus main- 
frame, the backplane clock line can be extended to another 
mainframe by using the SMB connector on the front panel. 

The trigger event used to start a measurement can be gener- 
ated In tour different ways: software trigger, external TTL, 
ADC threshold, and log magnitude. Any HP E1430A module 
can synchronously trigger multiple IIP E1430A modules via 
a shared sync line on the VXIbus backplane. This line can be 
extended between mainframes in the same manner as the 
ADC clock described above. All modules in asynchronous 
system are triggered on exactly the same ADC sample. All 
triggering modes support slope selection. The ADC and log 
magnitude modi's also allow user selection of a trigger 
threshold, with hysteresis to prevent noise generated false 
luggers on I he wrong slope. The log magnitude triggering is 
based on the magnitude of t be complex signal after zooming 
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and filtering. The frequency selectivity of this mode is ideally 
suited to capturing low-level burst communication signals in 
the presence of larger interfering signals. 

Control 

All control of the HP El 430 A module is accomplished by 
means of twenty-four writable and eighteen readable Id-bit 
registers mapped into the 16-bil VXIfaus address space. The 
operating and service manual documents the function of 
each of these registers in detail. The module can be pro- 
grammed from any VXIbus or VMEbus controller. The regis- 
ters allow direct, high-speed access to all of the functions of 
the module. 

To assist a programmer in using Ihe HP E1430A effectively, 
the operating and service manual also includes documenta- 
tion and a distribution disk or tape for a library of functions 
to facilitate programming the registers. These functions pro- 
vide a C-language interface for setting up single modules 
and synchronous groups of modules spanning multiple VXI- 
bus mainframes. Along with the low-level control functions, 
the library provides setup save and recall, aulorange, auto- 
zero, and diagnostics. Because source code is included, the 
functions can be modified or translated to other languages. 
An executable program thai invokes the diagnostic func- 
tions is included so that users with a supported controller 
can test die HP E1430A without writing any code. 

For users who are accustomed to a high-level ASCII control 
interface, the distribution disk or tape includes software thai 
will configure an HP E1405B command module to respond 
to ASCII commands from a supported external controller. 
The commands conform to the SCPI (Standard Commands 
for Programmable Instruments) protocol. The HP El 4058 
interprets each SCPI command and performs the appropri- 
ate register read/write operations on the HP E1430A. A 
driver is provided to support the IIP ITG (Interactive Test 
Generator) and HP VEE-Test interactive environments. 
Either of these environments can use this driver and SCPI 
commands to provide a virtual front panel on the computer 



screen for control or the HP E1430A. The ITG and VEE 
software environments are sold separately. 

Summary 

'['ii«' [miliary features that set Ihe IIP El 130A module apart 
from a typical ADC module are its high accuracy, high sam- 
ple rate, selectable anti-aliasing niters, selectable center 
frequency, deep F1F( ) memoiy, analog signal conditioning, 
triggering, and fast data transfers. These axe important 
considerations in modern comnumicai ions receivers, radar 
and sonar processors, and transient capture equipment. 
Before digital signal processing algorithms can be applied 
effectively to signals, those signals must first be captured 
accurately in digital form. The HP E1430A provides all the 
necessary capabilities to do perform this function with a 
high degree of flexibility. 
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A 10-MHz Analog-to-Digital Converter 
with 110-dB Linearity 

A classification outline is presented for the errors found in an analog-to- 
digital converter (ADC). A comparative analysis is done of errors caused 
by random noise, nonlinearities, and finite amplitude resolution 
(quantizing errors). An ADC implementation is presented that substantially 
reduces the nontinearity errors and virtually eliminates the quantizing 
errors. 

by Howard E. Hilton 



An outline of the major error mechanisms in an analog-to- 
digital converter (ADC) is shown in Fig. 1. The quantizing 
error results from the use of a finite-resolution numeric rep- 
resentation to approximate the voltage of each input sample. 
Normally the outputs are expressed in binary form and the 
quantizing error is inferred by the number of bits used in the 
binary output. This number of "bits of resolution" is a com- 
mon basis of comparison between ADCs. I'nforiunalely, ihis 
comparison is often misleading because of the effects of 
other error mechanisms. 

The category labeled additive noise includes both random 
noise and spurious signals that are independent of the ap- 
plied input signal. The random noise is a result of stochastic 
iTtiift resullinj; From such attaint!, si mires us mpm I henna] 
noise, i/f or flicker noise, and shot noise. Typically it is donv 
Inated by Gaussian white thermal noise, meaning that the 
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Fig, l. Outline of analog-! .odigital converter (ADC) errors. 



error of each ADC sample is independent of all other samples 
and the error amplitude has a Gaussian probability density. 
Spurious signals are nonrandom errors that are, in effect, 
added to the input signal. These typically result front un- 
wanted pickup of such things as power line frequencies, 
digital clocks, and display monitor scanning circuits, A typi- 
cal way to quantify the additive noise performance of an 
ADC is to specify the signal-to-noise ratio (SNE). The SNB 
is the rms level of a full-scale sine wave divided by the rms 
level of the total additive noise. It is usually expressed in 
decibels, 20 times the base-ten logarithm of the ratio. 

The nonlinearities of an ADC result, from a transfer fimction 
that is not. a linear function of the input signal (or its rime 
derivatives). If we consider only the static nonlinearities. 
those not involving time < lerivatives of the input signal, we 
r an characterize the nonlinearities of an ADC with a graph 
of the output error as a fimction of input signal level. The 
worst-case deviation from a linear fimction is often called 
the integral nonlinearity. Step discontinuities in the error 
graph are often of more concern in many applications. The 
worst-case step discontinuity is usually called i f u • tliiT< 'initial 
nonlinearity. An alternative classification of nonimmunes ran 
In' ikTuu'd by representing the error curve as a power series 
expansion of the input. The low-order terms of Ibis expansion 
represent I he "soft distortion" category while the high-order 
terms represent the "hard distortion," The importance of 
this distinction will be discussed in a later section. 

Aperture jitter errors arise when the effective sample tune 
of I he ADC deviates from the desired sample lime. If there is 
an input signal present, that is rapidly changing, tiiis timing 
error will result in an apparent amplitude error in the sam- 
pled ADC output. The amplitude error increases proportion- 
ally with input signal level and frequency. One way to specify' 
lite effect of aperture jitter is to apply a full-scale sinusoidal 
input and plot the ADC signal-to-noise ratio as a fund ion of 
input frequency. 

Another way to quantify aperture jitter is to specify the rms 
time deviation from the idea) sample time, [f the aperture 
jitter is random and independent between samples, the re- 
sulting errors will appear as an increased level of white 
noise. If the aperture jitter is periodic then Ihe resulting error 
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Fig. 2, Sgnal-te-neise ratio as a fui iction > >f ADC sample rate. 

will appear as sidebands on the applied signal. With < 4-Mffy. 
inputs the L 0-MHz ADC described later in this paper has 
sufficiently low aperture jitter that its jitter ran be ignored 
relative to the other ADC error mechanisms. Therefore, 
aperture jj| ter will not be discussed further in this paper. 

The transfer function errors of an ADC are not. as serious as 
the previously mentioned errors since they can be removed 
by the application of appropriate compensation to the ADC 
output sequence. The gain and offset errors can be removed 
by subtracting the offset and multiplying by the appropriate 
gain factor. The flatness and phase errors can be corrected 
with a compensation filter, assuming the use of a uniform 
ADC ciock frequency at least twice the maximum frequency 
of the input signal. Alt hough for uncompensated operation it 
is important to specify an ADC's transfer function errors, 
this paper will not discuss these error mechanisms further. 

The 1 0-MHz calibrated analog-to-digital converter described 
in this article is the basis of the HP E1430A VXJbns ADC 
module (see article, page 100). The specifications are 
10-MHz sample rate, 70-dB SNR, -110-dBfs hard distortion 
limit, and --80-dBc distortion at 4 MHz full scale. The product 
includes digital decimation filters to allow the user to take 
advantage of the exceptional linearity and better SNR at 
lower sample rates. 

Random Noise 

Regardless of the care taken in designing the circuitry in an 
ADC, the noise performance will at best be limited by the 
thermal noise of the sampler or track-and-hold amplifier. 
Since thermal noise is white (equal power per hertz of band- 
width), wideband samplers designed for high- frequency 
ADCs exhibit a higher level of noise than narrowband track- 
and-hold circuits used in low frequency ADCs. However, 
normalized to a 1-Hz bandwidth, the random noise is rela- 
tively independent of sampler bandwidth. Since the full- 
scale level of an ADC is practically limited by power sup- 
plies and by distortion considerations, the ratio between the 
full-scale signal and the noise power per hertz is nearly con- 
stant for state-of-the-art ADCs over a wide range of sample 
rates. Although better performance is theoretically possible. 
most ADCs tire limited to a noise level of approximately 
-137 dB/Hsi relative to a full-scale signal. By integrating this 



noise over the Nyquist bandwidth (half the sample fre- 
quency), it is possible to predict the SNR of high-quality con- 
verters optimized for various sample rates. Fig. 2 plots a bne 
of SNR as a function of sample rate for converters with 
noise performance of -137 dBfs/Hz. 

Fig. 2 shows that a 10-MH2 ADC with 70-dB SNR has the 
same noise performance as a 1-kffe ADC wilh 1 10-riB SNR. 
This does not mean that the 10-MHz converter will give 
110-dB noise performance merely by running il at the slower 
sample rate. It will not. The I-kHz ADC musl achieve its 
lower noise by hmiting the effective input handwidlh accord- 
ingly. Normally this is accomplished by using a completely 
different ADC with a narrower-bandwidth sampler, amplifi- 
ers, comparators, and so on. However, the same effect can 
be obtained by using I he 10-MHz ADC at its full sample rate, 
filtering its output with a 500-IIz low-pass digital filter, and 
resampling (decimating) to a l-kilz sample rate. The filter- 
ing operation eliminates all the high-frequency noise (and 
signal) that woidd have been filtered out by the narrower- 
bandwidth components of the 1-kHz ADC. Thus, with the 
addition of digital decimation filters, a 10-MHz ADC with 
70-dB SNR can be used to achieve state-of-the-art noise per- 
formance at any sample rate below 10 MHz. The points in 
Fig. 2 show the available SNR as a function of the sample rate 
choices available with the HP 1430A 10-MHz ADC, which 
includes a set of octave-spaced digital decimation filters. 

High-Order (Hard) Distortion 

The static noniinearities of an ADC can be represented by an 
error graph as a function of input voltage. An example of 
such a graph is shown in Fig. 3. Although this curve looks 
noiselike, it represents a deterministic repeatable error in the 
expected value of die output for each input voltage. Typically 
such a curve has to be experimentally generated by stepping 
the input voltage and plotting the deviation of 1 he averaged 
output from a straight line. Sufficient averaging must be 
used to eliminate the random noise discussed above. 

Sharp discontinuities in the error graph are particularly 
undesirable since even a small input, signal can generate the 
full range of output errors. This type of nonlinearity is called 
high-order distortion because a power series expansion of 
the error curve requires high-order terms to generate the 
step discontinuity. It is also referred I o as hard distortion 
since the rms error level is relatively independent of input 
signal level. The errors form an unyielding, hard measure- 
ment limit below which amplitude information is question- 
able. This type of distortion characteristic is typical of most 
ADCs because of the differential noniinearities between 
adjacent output, codes. 

Error Voltage 




Input Voltage 



Fig, 3. Static nonlinearity thigh-order). 
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ADC manufacturers are normally content when the high- 
order nonlinearity errors are comparable with, or slightly 
smaller than, the broadband noise level of the ADC. since die 
distortion then adds little to the overall rms error. Unfortu- 
nately, this eliminates the possibility of achieving a higher- 
precision, lower-sample-rate ADC through the use of digital 
filtering. The ADC merely becomes distortion-limited rather 
than noise-limited. An oilier difficulty with distortion compa- 
rable with the noise arises when FFT analysis is used on the 
data. The noise floor of the FFT result is determined by the 
equivalent noise bandwidth of each FFT bin, which is consid- 
erably narrower than the full Nyquisi bandwidth of the At" . 
Fig. 4 shows a typical FFT result from a 10-MHz ADC with 
70-dB SNR and a hard distortion limit of -75 dBfs. The comb 
of harmonics becomes clearly visible over the noise because 
of the processing gain of the FFT. As the level of the input 
sine wave is decreased the harmonic level will remain near 
the hard distortion limit of -75 dBfs. The levels of individual 
harmonics will increase and decrease in an unpredictable 
manner, No signal information below the hard distortion 
limit can be trusted, even with low input signal levels. 

Low-Order (Soft) Distortion 

In addition lo the high-order distortion caused by differen- 
lial nonlinearity of the quantizer, most ADC's exhibit ampli- 
fier and sampler distortion, which is low-order. A typical 
static error curve for an amplifier is shown in Fig. 5. The 
resulting distortion is called low-order because the power 
series expansion for the error curve can be expressed with 
only low-order terms. This type of distortion is often much 
more acceptable than high-order distortion because of one 
key difference: the distortion level decreases with decreas- 
ing input levels, hi fact, the second-order component drops 
twice as last as the signal level, the third-order component 
drops three times as fast, and so on. 

Since the low-order distortion Hianisms are usually found 

in the front-end amplifier and sampler portions of the ADC. 
these are also the mechanisms thai arc more likely to change 
when the input signal is dynamic rather than static. This is 
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especially true in circuits that employ negative feedback to 
reduce distortion. Typically the decrease in loop gain at 
higher frequencies causes the feedback to be less effective, 
and the distortion increases with input signal frequency. 

All the high-order, low-order static, and low-order dynamic 
distortion can be specified graphically by showing the 
worst-case harmonic level as a function of input signal level 
for a sine wave. Fig. 6 shows such a plot for the 10-MHz 
ADC described in this paper. The fiat [ion ion of the graph 
represents the hard distortion limit imposed by high-order 
differentia] linearity errors. The sloping lines show the effect 
of low-order dynamic distortion in I he input amplifiers and 
track-and-hold circuit. The dotted Mm' Indicates the typical 
hard distortion limit of a high-performance, traditionally 
implemented, KWV11D. ADC with 70-dB SNR and 75-dB total 
harmonic distortion. 

Quantizing Error 

A perfect ADC shoidd convert samples of the real-valued 
analog input into finite-resolution digital form with an ideal 
quantizer. A graph of the output codes as a function of input 
voltage from such a quantizer is shown in Fig. 7. The dotted 
line shows the output of a perfectly linear, infinite-resolution 
conversion, which is error-free. 

The difference between the finite-resolution quantization and 
the dotted line in Fig. 7 is shown in Fig. 8. This different :e is 
called the quantizing error because it is caused by the finite 
resolution of the quantizer. The worst -case error of an ideal 
quantizer is ±1/2 LSB (least significant bit i In the absence of 
noise, the quantizing error represents a high-order nonlin- 
earity in the amplitude transfer function. A perfect analog 
sinusoid will appear to have a comb of harmonics with a 
total rms error magnitude of approximately l/ t T2 LSB. 

In some applications the analog input signal is stochastic 
and the quantizing error tends to appear as random additive 
noise with an rms magnitude of l/ v l'£ USB. It is common 
practice to model the quantizing emir us random white 
noise ami call it quantizing noise III lad, u is also cuiumoli 
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noise bits, the quantization noise does not even contribute 
significantly to the ADC noise and its effects can be ignored. 
Because the 10-MHz ADC described in this paper has 23 bits 
of resolution, far in excess of the equivalent noise bits, we 
can ignore the quantization effects and concentrate on the 
important parameters; noise and distortion. 



Fig, 7. Ideal nuariii,vr i r.iri.sl'er function. 



prat-lire to quantify all the noise of an ADC in terms of the 
number of bits of resolution needed for an ideal converter to 
produce the observed noise. The relationship between noise 
effective bits and SNR is given by: 



Effective Bits = 



SNR-1.76 
6.02 ' 



CI) 



Fig, 2 shows the noise effective bits for a range of converter 
sample rates and SNR values. 

The fallacy of the "quantizing noise" model can become 
painfully obvious wiien this model is used in the wrong cir- 
cumstances. One way to ensure the validity of the quantizing 
noise model is to add random analog noise to the input sig- 
nal before quantization as shown in Fig, 9. This ensures that 
the quantizing errors are in fact random. Because of the 
added random noise, the output code must be considered a 
random function or the input voltage. The expected value of 
the output error for a given input voltage can be computed 
by integrating the product of the quantizing error and the 
noise distribution as shown in Fig. 10. In general, the ex- 
pected output error becomes the convolution of the quantiz- 
ing error with the noise distribution. If the added noise has a 
Gaussian amplitude distribution with a standard deviation of 
a, the peak expected error, E p , is given in the formula below. 
Both o and the error are expressed relative to one LSB, 



- 2omr 



(2) 



With only 0.5 LSB rms of added analog Gaussian dither, the 
peak expected error drops to an insignificant level of 0.0023 
LSB. This means that if the number of bits of resolution of 
an ideal converter is more than one plus the equivalent 
noise bite, the quantization noise model assumption will be 
valid. If the resolution is more than two plus the equivalent 



Nonlinearities in a Two-Pass ADC 

The IIP 1430A 10-MHz ADC is based on a variation of the 
standard two-pass architecture shown in Fig. 11. Each sample 
is first digitized by ADC1 to coarse resolution and accuracy 
(8 bits in the HP 1430A). The result, of the ADC1 conversion is 
sent to a DAC, which subtracts that initial estimate from the 
input signal. The residual analog signal is small enough to be 
amplified with gain A before being digitized with high resolu- 
tion by ADC2. Tlte digitized residue is then divided by the 
gain A and added to the original estimate to produce the final 
output. The residue gain is normally chosen as a power of 
two because the divide operation can be accomplished sim- 
ply by right-shifting the data by the appropriate number of 
bits. Thus, the digital portion of the circuit reduces to a sim- 
ple addition. The attractiveness of this architecture is that 
the errors of ADC 1 are not important to the final accuracy of 
the conversion. Notice that the output of ADC 1 is both 
added to (via the DAC) and subtracted from (via the adder) 
the final output. Thus, errors in ADO are canceled out. 

The standard two-pass quantizer is still susceptible to errors 
in die residue gain, the DAC. and ADC2. Making a quantizer 
with -110 dBfs hard distortion would require DAC linearity 
on the order of three parts per million and absolute residue 
gain accuracy of 0.08%. These are difficult numbers to 
achieve in analog circuitry at high speed. To achieve this goal, 
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the HP 1430A convener implements a calibration scheme to 
remove the residue gain errors and the DA( errors. ' An 
abbreviated description of i his scheme is is gtven bekiM 

Residue Gain Calibration 

The HP quantizer uses a statistically based continuous cali- 
bration scheme to adjust the residue gain. A block diagram of 
the calibrator is shown in Fig. 12. The added digital circuitry 
replaces the original multiplication by 1/A with multiplication 
by an adjustable gain Q. 

For this analysis let us assume the DAC and ADC2 have no 
errors, so the variable gain value can be written as: 

Qn + l = Qn + ^(AQ„(X„ - R„ - N n ) + N„j. (3} 

Since N is taken to be a random sequence of ±1 values, we 
can write the expected value of the variable gain as: 



Qn+l = Q n + £(l -AQn). 



(■1.1 



Note that the expected value of the gain is independent of 
the input signal since all terms involving X and R are multi- 
plied by the noise sequence N, which has zero mean and is 
assi lined to be uncorrelated with the inpul signal. The above 
recursion relation can be solved explicitly in terms of I he 
initial conditions: 



«-4+(>-t)Vi)- 



(5) 
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If the calibration algorithm runs long enough, the van 
gain will approach exactly die desired value: 



Q --i 



(6) 



It should be kepi in mind that although the expected value 
of the gain converges to the proper value, there will be a 
random component of the gain because of the discarded 
terms involving the product of the noise sequence and the 
residue voltage. This random gain fluctuation manifests it- 
self as signal-related noise. The spectral content of the noise 
tends to cluster in a narrow frequency band around discrete 
signals and their harmonics. There is also a noise pedestal at 
dc that looks very much like 1/f noise. The amplitude of this 
noise can be made arbitrarily small by choosing a very long 
gain loop time constant In the HP implementation, the time 
constant is 2- 4 samples. Tills provides sufficient averaging 
to ignore the random gain fluctuation. 

DAC Calibration 

To correct for the DAC errors in an efficient manner the 
following analysis assumes a model for the DAC as shown in 
Fig, 13, where ej, e& .... e^ represeni individual current 
source errors wilh respect to I heir idea] binary weighted 
values. This model assumes independence between bits in 
thai the error of each is not a function of the states of the 
' iiher bits. The DAC in the HP implementation was chosen 
I laser I on ei inl'nriiianee to this model 

Fig. 14 shows a block diagram of a modified two-pass quan- 
tizer that corrects the bit errors of the DAC. The DAC is re- 
placed by a combination of three DACs wilh their outputs 
summed together. For the purposes of this analysis, assume 
that ADC'2 is perfect and that the l/A multiplication has 
been accomplished exactly so that the effective residue gain 
is one. Two independent noise sources have been added lu 
ensure diat the DAC bits are randomly exercised. .Since the 
noise sources are both added to and subtracted from lite 
signal path, their contribution Id the residue will be zero 
provided that the DAC current weightings are exactly cor- 
rect It is this fact that, allows the detection and correction 
of individual bit weights for all three DACs. The bold lines in 
Fig. 14 indicate vector quantities while the other lines indi- 
cate scahu's li is a veetoi of + 1 values that correspond to 
die slates of all the bit lines driving die DACs. Representing 
the bit states as (-1,1 1 instead of the usual (0,1 1 simplifies 
the calculations nf correlalions. 'I'his is consistent with the 
normal coding of DACs and ADCs provided that a propet rii 
offset, is applied. The most-significani bit of DAC1 is ex- 
cluded from the vector B since that 1 >A< ' bit is used as the 
reference for all the others and. by definition, does not re- 
quire calibration. The veclor H represents the corrections 
for the DAC bit errors. 



Fig. 12. Residue Ham ciililiratet hlml diagram 
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Fig. 14. DAC calibrator Woci 

diagram. 



From the Fig. 14 we can write an equation for the nth sample 
of G in Fig. 14 as: 



Un - X„ - b rl - B,| C - B„ H rl . 



(T) 



In the second term b n is the ±1 value corresponding to the 
most-significant bit of DAC1. This equation has been scaled 
so that the weight for this bit is 1. Flic third term contains 
the contribution from the remaining DAC bits, where C is a 
vector containing the DAC* bit weights, including their er- 
rors. The fourth term contains the contribution of the error 
coiTection table. The idea, of course, is to cause the error 
correction table to converge to a vector such that C+H«, is 
equal to the expected binary bit weights for each of the 
three DACs. 

To check the convergence of the correction table we can 
form the following recursion relation, replacing dot products 
with products of transposed vectors: 



H n+1 = H n + ^(X r -b n -B^(C + H n .)) 



(8) 



The elements of B n that go to DAC2 and DACS are derived 
front the noise sources only, have zero mean, and are inde- 
pendent of the input signal. It can be shown that, except for 
the most significant bit, the hits driving DAC1 have zero 
mean and have zero crosscorrelation with the input signal. 
Therefore, if we take the expected value of the recursion 
equation, adding C to both sides and defining W n = E(C+H„), 
the expected value of the equivalent DAC bit weights after 
correction, we get: 



W n + i = W n -i(D + FW n ). 



(9) 



where D = E(B r ,b tl ) is a vector, and F = E(B n Bj) is a matrix. 
The computation of D and F is a tedious process of repre- 
senting the DAC drive bits in terms of the noise bits and the 
ADC1 bits, multiplying out the indicated products, and elimi- 
nating aU terms that have a zero expected value because of 
the independence of the noise bits. The derivation will not 
be shown here, but the results arc: 



D 



A = 



SA-A 








A T SA-A T A-i-- 


























I -SA 


' 


-A T S T 1 -A T 


-A T 


-A I 


II 


-A 


I 


111 I ' 

2 4 8" -2 S _ 


T 




812 s i3 — Sin 






s-a ... s ajs - 






... 


S 3N 







(10) 











In C, Wn, F, and D, the indexing is such that the first compo- 
nent corresponds to the second most-significant bit of DAC 1 
down to the least -significant bit, followed by the MSB of 
DAC2 down to its LSB, followed by the MSB of DACS down 
to its LSB. The elements of S are defined as Sy=E(aj n iij n ) 
where ai r = ±1 is the ith bit of the ADC1 output during the 
nth sample period. 

The recursion equation for W tl can be solved explicitly in 
much the same way as the corresponding equation for the 
gain control: 



W n = -F L I) + 



(4*)' 



W n + F _1 D 



(11) 



The matrix that, is raisetl to the nth power can be written as 
<t> T Afl> where <I> T = <P _1 , arid A is a diagonal matrix. Multiply- 
ing both sides of t lie equation by *, we get a decoupled set 
of equations: 



«W„ = -*F L D + A I, (#W, I + *F 1 D). 



(12) 
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Since A is diagonal, its nth power is obtained by merely tak- 
ing the nth power of each of its diagonal elements. Thus if 
the magnitude of each of these diagonal elements is less than 
one, the effective bit weights will ultimately converge to: 



W a = -F'D = 



(13) 



Notice that the final value of the effective bit weights is 
totally independent of the input signal. In fact, subsiii 
this back into the equation for G n gives: 



G n - S n - A 



Im 



(14) 



1 n — -Mi- 

where G. X. Y, and Ai are signals shown in Fig. 14. 

The speed with which the effective bit weights converge to 
the desired result is determined by the magnitudes of the 
diagonal elements of A. The exponential time constant for 
convergence is < k samples for all initial bit weight errors 
that are orthogonal to the vector: 



<Di 



i 



SA v 2A T A + A T S T SA A A 



(15) 



For the component of the initial bit weight errors collinear 
with the above vector, the time constant can be stretched 
somewhat compared to k. The amount of stretching is a 
function of the number of bits in ADC 1 and the statistics of 
the input, signal. The longest stretch factor occurs when the 
input signal is a constant at midscale of ADC1, a condition 
that occurs when no signal is applied to the input. In this 
case the stretched time constant, in samples, is: 



(16) 



l_ v 'l^2 1 - N + N4^ N " 



For an 8-bit Al K "' 1 litis worst-case stretched time constant is 
260k. In the HP converter the normal DAC correction time 
constant is 2^ 2 samples. Thus, with a 10-MHz sample rale 



and no input signal applied, the stretched time constant is 
109 seconds. 

Just as in the case of the automatic gain control, the DAC 
correction table will fluctuate randomly around its ideal 
expected value. In this case, however, die resulting noise at 
the output is white and will not impact the measurement 
accuracy provided that the averaging time constam is 
sufficiently large. 

Although the DAC and residue gain errors are effectively 
eliminated wiih the HP converter, the errors of ADC2 are 
si ill present . With ADC1 resolution of 8 bits the 1 10-dB de- 
sired linearity goal still requires that the linearity of ADC2 
must be at least 62 dB. Tins requirement is made easier to 
meet by the fact that the statistical calibration process in- 
herently adds a substantial amount of random noise to the 
input of ADC2 compared to the residual signal level. The 
effect of convolving this noise distribution with the Al K'2 
nonlinearity error curve generates a smoother non I m> ai 1 1 y 
curve with smaller deviations. Thus, the required linearity 
can be achieved even with a low-cost monolithic ADC2. 

Hardware Implementation 

The digital portion of the gain and DAC calibration schemes 
described above have been implemented in a single digital 
ASIC. Fig. 15 shows how this ASIC is connected to the ana- 
log components to provide I he complete ADC. The track- 
and-hold amplifier becomes t he limiting factor for low-order 
dynamic nonlinearities at high frequencies. The adder thai 
drives DACT is implemented with ECL logic to reduce the 
delay. The switch on the input of the residue amplifier pre- 
vents any nonlinear DAC switching transients from entering 
the residue amplifier. This allows the bandwidth of the resi- 
due amplifier to be reduced, for lower noise, without fear of 
"smearing" the transients into the sampling aperture of ADC2. 

The liming generator uses analog delay lines to time I he se- 
quence of events for a single ADC conversion cycle. Relative 
to the clock edge thai starts the conversion, at ns. the Hack 
,-u id-hold amplifier switches from track to hold. At 22.5 ns, 
ADC1 converts and the ASIC generates new noise outputs. 
At 45 ns. the clamp releases the summing node. At (37.5 ns, 
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ADC2 converts. At 75 its, the track-and-hold amplifier returns 
to track mode and the clamp grounds the summing node. At, 
90 ns, the timing circuit starts looking for another ADC 
clock edge. 

Ac kn owledgm ents 

The development of this precision ADC required the con- 
tributions of several people at the Lake Stevens Instrument 
Division. The critical and challenging design of the analog 
portions of the circuit was done by Dean Payne with help on 



the initial investigation of feasibility from Chuck Kingsford- 
Sruit.h. Extensive simulation and verification of the calibra- 
tion algorithm was done by Jerry Ringel, who also did the 
design of the calibration ASIC. The physical layout of the 
ASIC was done at the IC Business Division by Gary Petrie 
and Paul Nuber. 
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Author's biography appears else, 1 , section. 

100 10-MSa/s ADC Module 

Howard E. Hilton 

Project manager Howard 

,anaged the develop- 
ment ot the HP E1430A ADC 
module and is currently ibt 
proiect manager for the Lake 
Stevens Instrument Division 
Technology Group. He was 
bom in St Ignahus, Montana 
and studied electrical engi- 
neering at Montana State University, receiving a 
BSEE degree in 1973 and an MSEE degree in 1973 
He joined HP's Loveland Instrument Division the same 
year Products for which he has been a designer or 
manager include the HP 3571 A tracking spectrun i 
analyzer, the HP 3585A spectrum analyzer, the HP 
239A tow-distortion oscillator, aod the HP 3565S muln- 
channel measurement system His work has resulted in 
three patents on digital IF, a self-identifying transducer, 
and a statistically calibrated ADC. Howard is married 
and has two children His professional interests in- 
clude digital signal processing algorithms, digital 
communications, surveillance, and ASIC develop- 
ment He enjoys studying mathematics and physics 
when not at work. 

105 Analog-to-Digital Converter 

Howard E. Hilton 

Author's biography appears elsewhere in this section 
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